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(57) Abstract: Techniques for multiplexing multiple data streams using frequency division multiplexing (FDM) in an OFDM system 
c^^i are described. M disjoint "interlaces" are formed with U usable subbands. Each interlace is a different set of S subbands, where . 
The subbands for each interlace arc interlaced with the subbands for each of the other interlaces. M slots may be defined for each 
symbol period and assigned slot indices 1 through M. The slot indices may be mapped to interlaces such that (1) frequency diversity 
is achieved for each slot index and (2) the interlaces used for pilot transmission have varying distances to the interlaces used for each 
slot index, which improves channel estimation performance. Each data stream may be processed as data packets of a fixed size, and 
different numbers of slots may be used for each data packet depending on the coding and modulation scheme used for the data packet. 
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FREQUENCY DIVISION MULTIPLEXING OF MULTIPLE 
DATA STREAMS IN A WIRELESS MULTI-CARRIER 

COMMUNICATION SYSTEM 

[0001] This application claims the benefit of U.S. Application Serial No. 
10/932,586, entitled "A Method for Multiplexing and Transmitting Multiple Multimedia 
Streams to Mobile Terminals over Terrestrial Radio," filed September 1, 2004, 
provisional U.S. Application Serial No. 60/559,740, entitled "Multiplexing and 
Transmission of Multiple Data Streams in a Wireless Multi-Carrier Communication 
System," filed April 5th, 2004, and provisional U.S. Application Serial No. 60/514,315, 
entitled "A Method for Frequency-Division Multiplex Various Multimedia Streams for 
Multicast Wireless Transmission to Mobile Devices," filed October 24, 2003. 

BACKGROUND 

I. Field 

[0002] The present invention relates generally to communication, and more 
specifically to techniques for multiplexing multiple data steams in a wireless multi- 
carrier communication system. 

II. Background 

[0003] A multi-carrier communication system utilizes multiple carriers for data 
transmission. These multiple carriers may be provided by orthogonal frequency 
division multiplexing (OFDM), some other multi-carrier modulation techniques, or 
some other construct. OFDM effectively partitions the overall system bandwidth into 
multiple (N) orthogonal frequency subbands. These subbands are also referred to as 
tones, carriers, subcarriers, bins, and frequency channels. With OFDM, each subband is 
associated with a respective sub carrier that may be modulated with data. 
[0004] A base station in a multi-carrier communication system may simultaneously 
transmit multiple data streams. Each data stream may be processed (e.g., coded and 
modulated) separately at the base station and may thus be recovered (e.g., demodulated 
and decoded) independently by a wireless device. The multiple data streams may have 
fixed or variables data rates and may use the same or different coding and modulation 
schemes. 
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[0005] Multiplexing multiple data streams for simultaneous transmission may be 
challenging if these streams are variable in nature (e.g., have data rates and/or coding 
and modulation schemes that change over time). In one simple multiplexing scheme, 
the multiple data streams are allocated different time slots or symbol periods using time 
division multiplexing (TDM). For this TDM scheme, only one data stream is sent at 
any given moment, and this data stream uses all subbands available for data 
transmission. This TDM scheme has certain undesirable characteristics. First, the 
amount of data that may be sent in the smallest time unit allocable to a given data 
stream, which may be viewed as the "granularity" for the data stream, is dependent on 
the coding and modulation scheme used for the data stream. Different coding and 
modulation schemes may then be associated with different granularities, which may 
complicate the allocation of resources to the data streams and may result in inefficient 
resource utilization. Second, if the granularity for a given coding and modulation 
scheme is too large relative to the decoding capability of a wireless device, then a large 
input buffer may be required at the wireless device to store received symbols. 
[0006] There is therefore a need in the art for techniques to efficiently multiplex 
multiple data streams in a multi-carrier communication system. 

SUMMARY 

[0007] Techniques for multiplexing multiple data streams using frequency division 
multiplexing (FDM) in a wireless multi-carrier (e.g., OFDM) communication system 
are described herein. In an embodiment, M disjoint or non-overlapping "interlaces" are 
formed with U subbands usable for transmission, where M > 1 and U > 1 . The 
interlaces are non-overlapping in that each usable subband is included in only one 
interlace. Each interlace is a different set of S subbands, where U = M • S . The S 
subbands in each interlace may be selected from S f subbands that are uniformly 
distributed across the N total subbands and are evenly spaced apart by M subbands, 
where N = M • S' and S' > S . This interlaced subband structure can provide frequency 
diversity and simplify processing at a receiver. For example, the receiver may perform 
a "partial" S' -point fast Fourier transform (FFT) for each interlace of interest, instead of 
a full N-point FFT. The M interlaces may be used to transmit the multiple data streams 
in an FDM manner. In an embodiment, each interlace is used by only one data stream 
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in each symbol period, and up to M data streams may be sent on the M interlaces in 
each symbol period. 

[0008] In an embodiment, the multiple data streams are allocated "slots", where 
each slot is a unit of transmission that may be equal to one interlace in one symbol 
period. M slots are then available in each symbol period and may be assigned slot 
indices 1 through M. Each slot index may be mapped to one interlace in each symbol 
period based on a slot-to-interlace mapping scheme. One or more slot indices may be 
used for an FDM pilot, and the remaining slot indices may be used for data 
transmission. The slot-to-interlace mapping may be such that the interlaces used for 
pilot transmission have varying distances to the interlaces used for each slot index in 
different OFDM symbol periods. This allows all slot indices used for data transmission 
to achieve similar channel estimation performance. 

[0009] Each data stream may be processed as data packets of a fixed size. In this 
case, different numbers of slots may be used for each data packet depending on the 
coding and modulation scheme used for the data packet. Alternatively, each data stream 
may be processed as data packets of variable sizes. For example, the packet sizes may 
be selected such that an integer number of data packets is sent in each slot. In any case, 
if multiple data packets are sent in a given slot, then the data symbols for each data 
packet may be distributed across all subbands used for the slot, so that frequency 
diversity is achieved for each data packet sent in the slot. 

[0010] Various aspects and embodiments of the invention are described in further 
detail below. 



BRIEF DESCRIPTION OF THE DRAWINGS 

[0011] The features and nature of the present invention will become more apparent 

from the detailed description set forth below when taken in conjunction with the 

drawings in which like reference characters identify correspondingly throughout and 
wherein: 

[0012] FIG. 1 shows a block diagram of a base station and a wireless device; 

[0013] FIG. 2 shows an exemplary super-frame structure; 

[0014] FIG. 3 shows an interlaced sub band structure; 

[0015] FIGS. 4A and 4B show "staggered" and "cycled" FDM pilots, respectively; 

[0016] FIG. 5 shows an exemplary mapping of slot indices to interlaces; 



WO 2005/041515 PCT/US2004/035042 

4 

[0017] FIG. 6 illustrates coding of a data block with an outer code; 

[0018] FIGS. 7 A and 7B show transmission of packets for different modes; 

[0019] FIGS. 8 A and 8B show partitioning of different numbers of packets into slots; 

[0020] FIG. 9A shows a block diagram of a transmit (TX) data processor; 

[0021] FIG. 9B shows a block diagram of a modulator; 

[0022] FIG. 1 OA shows a block diagram of a demodulator; and 

[0023] FIG. 1 0B shows a block diagram of a receive (RX) data processor. 



DETAILED DESCRIPTION 

[0024] The word "exemplary" is used herein to mean "serving as an example, 
instance, or illustration." Any embodiment or design described herein as "exemplary" 
is not necessarily to be construed as preferred or advantageous over other embodiments 
or designs. 

[0025] The multiplexing techniqxxes described herein may be used for various 
wireless multi-carrier communication systems. These techniques may also be used for 
the downlink as well as the uplink. The downlink (or forward link) refers to the 
communication link from the base stations to the wireless devices, and the uplink (or 
reverse link) refers to the communication link from the wireless devices to the base 
stations. For clarity, these techniqxxes are described below for the downlink in an 
OFDM-based system. 

[0026] FIG. 1 shows a block diagram of a base station 110 and a wireless device 
150 in a wireless system 100 that utilizes OFDM. Base station 1 10 is generally a fixed 
station and may also be referred to as a base transceiver system (BTS), an access point, 
a transmitter, or some other terminology. Wireless device 150 may be fixed or mobile 
and may also be referred to as a user terminal, a mobile station, a receiver, or some other 
terminology. Wireless device 1 50 may also be a portable unit such as a cellular phone, 
a handheld device, a wireless module, a personal digital assistant (PDA), and so on. 
[0027] At base station 110, a TX] data processor 120 receives multiple (T) data 
streams (or "traffic" data) and processes (e.g., encodes, interleaves, and symbol maps) 
each data stream to generate data symbols. As used herein, a "data symbol" is a 
modulation symbol for traffic data, a "pilot symbol" is a modulation symbol for pilot 
(which is data that is known a priori t>y both the base station and wireless devices), and 
a modulation symbol is a complex value for a point in a signal constellation for a 
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modulation scheme (e.g., M-PSK, M-QAM, and so on). TX data processor 120 also 
multiplexes the data symbols for the T data streams and pilot symbols onto the proper 
subbands and provides a composite symbol stream. A modulator 130 performs OFDM 
modulation on the multiplexed symbols in the composite symbol stream to generate 
OFDM symbols. A transmitter unit (TMTR) 132 converts the OFDM symbols into 
analog signals and further conditions (e.g., amplifies, filters, and frequency upconverts) 
the analog signals to generate a modulated signal. Base station 110 then transmits the 
modulated signal from an antenna 134 to wireless devices in the system. 
[0028] At wireless device 150, the transmitted signal from base station 110 is 
received by an antenna 152 and provided to a receiver unit (RCVR) 154. Receiver unit 
154 conditions (e.g., filters, amplifies, and frequency downconverts) the received signal 
and digitizes the conditioned signal to generate a stream of input samples. A 
demodulator 160 performs OFDM demodulation on the input samples to obtain 
received symbols for one or more data streams of interest, and further performs 
detection (e.g., equalization or matched filtering) on the received symbols to obtain 
detected data symbols, which are estimates of the data symbols sent by base station 110. 
An RX data processor 170 then processes (e.g., symbol demaps, deinterleaves, and 
decodes) the detected data symbols for each selected data stream and provides decoded 
data for that stream. The processing by demodulator 160 and RX data processor 170 is 
complementary to the processing by modulator 130 and TX data processor 120, 
respectively, at base station 110. 

[0029] Controllers 140 and 180 direct operation at base station 110 and wireless 
device 150, respectively. Memory units 142 and 182 provide storage for program codes 
and data used by controllers 140 and 180, respectively. Controller 140 or a scheduler 
144 may allocate system resources for the T data streams. 

[0030] Base station 110 may transmit the T data streams for various services such as 
broadcast, multicast, and/or unicast services. A broadcast transmission is sent to all 
wireless devices within a designated coverage area, a multicast transmission is sent to a 
group of wireless devices, and a unicast transmission is sent to a specific wireless 
device. For example, base station 110 may broadcast a number of data streams for 
multimedia (e.g., television) programs and for multimedia content such as video, audio, 
teletext, data, video/audio clips, and so on. A single multimedia program may be 
broadcast as three separate data streams for video, audio, and data. This allows for 
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independent reception of the video, audio, and data portions of the multimedia program 
by a wireless device. 

[0031] FIG. 2 shows an exemplary super-frame structure 200 that may be used for 
system 100. The T data streams may "be transmitted in super-frames, with each super- 
frame having a predetermined time duration. A super-frame may also be referred to as a 
frame, a time slot, or some other terminology. For the embodiment shown in FIG. 2, 
each super-frame includes a field 212 for one or more TDM pilots, a field 214 for 
overhead/control data, and a field 216 for traffic data. The TDM pilot(s) may be used 
by a wireless device for synchronization (e.g., frame detection, frequency error 
estimation, timing acquisition, and so on). The overhead/control data may indicate 
various parameters for the T data streams (e.g., the coding and modulation scheme used 
for each data stream, the specific location of each data stream within the super-frame, 
and so on). The T data streams are sent in field 216. Although not shown in FIG. 2, 
each super-frame may be divided into multiple (e.g., four) equal-sized frames to 
facilitate data transmission. Other frame structures may also be used for system 100. 
[0032] FIG. 3 shows an interlaced subband structure 300 that may be used for 
system 100. System 100 utilizes an OFDM structure having N total subbands. U 
subbands may be used for data and pilot transmission and are called "usable" subbands, 
where U < N . The remaining G sxxbbands are not used and are called "guard" 
subbands, where N = U + G. As an. example, system 100 may utilize an OFDM 
structure with N = 4096 total subbands, U = 4000 usable subbands, and G = 96 guard 
subbands. 

[0033] The U usable subbands may be arranged into M interlaces or disjoint 
subband sets. The M interlaces are disjoint or non-overlapping in that each of the U 
usable subbands belongs to only one interlace. Each interlace contains S usable 
subbands, where U = M • S . Each interlace may be associated with a different group of 
S' = N/M subbands that are uniformly distributed across the N total subbands such that 
consecutive subbands in the group are spaced apart by M subbands. For example, group 
1 may contain subbands 1, M + 1 , 2M -4- 1 , and so on, group 2 may contain subbands 2, 
M + 2 , 2M 4- 2 , and so on, and group ISA may contain subbands M, 2M, 3M, and so on. 
For each group, S of the S' subbands are usable subbands and the remaining S' — S 
subbands are guard subbands. Each interlace may then contain the S usable subbands in 
the group associated with the interlace. For the exemplary OFDM structure described 
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above, M = 8 interlaces may be formed, with each interlace containing S = 500 usable 
subbands selected from among S' = 512 subbands that are evenly spaced apart by 
M = 8 subbands. The S usable subbands in each interlace are thus interlaced with the S 
usable subbands in each of the other M— 1 interlaces. 

[0034] In general, the system may utilize any OFDM structure with any number of 
total, usable, and guard subbands. Any number of interlaces may also be formed. Each 
interlace may contain any number of usable subbands and any one of the U usable 
subbands. The interlaces may also contain the same or different numbers of usable 
subbands. For simplicity, the following description is for the interlaced subband 
structure shown in FIG. 3 with M interlaces and each interlace containing S uniformly 
distributed usable subbands. This interlaced subband structure provides several 
advantages. First, frequency diversity is achieved since each interlace contains usable 
subbands taken from across the entire system bandwidth. Second, a wireless device 
may recover data/pilot symbols sent on a given interlace by performing a partial S'- 
point FFT instead of a full N-point FFT, which can simplify the processing by the 
wireless device. 

[0035] Base station 110 may transmit an FDM pilot on one or more interlaces to 
allow the wireless devices to perform various functions such as, for example, channel 
estimation, frequency tracking, time tracking, and so on. Base station 110 may transmit 
the FDM pilot and traffic data in various manners. 

[0036] FIG. 4A shows a data and pilot transmission scheme 400 with a "staggered" 
FDM pilot. In this example, M = 8 , one interlace is used for the FDM pilot in each 
symbol period, and the remaining seven interlaces are used for traffic data. The FDM 
pilot is sent on two designated interlaces in an alternating manner such that pilot 
symbols are sent on one interlace (e.g., interlace 3) in odd-numbered symbol periods 
and on another interlace (e.g., interlace 7) in even-numbered symbol periods. The two 
interlaces used for the FDM pilot are staggered or offset by M/2 = 4 interlaces. This 
staggering allows the wireless devices to observe the channel response for more 
subbands, which may improve performance. 

[0037] FIG. 4B shows a data and pilot transmission scheme 410 with a "cycled" 
FDM pilot. In this example, M = 8 , one interlace is used for the FDM pilot in each 
symbol period, and the remaining seven interlaces are used for traffic data. The FDM 
pilot is sent on all eight interlaces in a cycled manner such that pilot symbols are sent on 
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a different interlace in each M-symbol period duration. For example, the FDM pilot 
may be sent on interlace 1 in symbol period 1, then interlace 5 in symbol period 2, then 
interlace 2 in symbol period 3, and so on, then interlace 8 in symbol period 8, then back 
to interlace 1 in symbol period 9, and so on. This cycling allows the wireless devices to 
observe the channel response for all usable subbands. 

[0038] In general, an FDM pilot may be sent on any number of interlaces and on 
any one of the M interlaces in each symbol period. The FDM pilot may also be sent 
using any pattern, two of which are shown in FIGS. 4A and 4B. 

[0039] Base station 110 may transmit the T data streams on the M interlaces in 
various manners. In a first embodiment, each data stream is sent on the same one or 
more interlaces in each symbol period in which the data stream is sent. For this 
embodiment, the interlaces are statically assigned to each data stream. In a second 
embodiment, each data stream may be sent on different interlaces in different symbol 
periods in which the data stream is sent. For this embodiment, the interlaces are 
dynamically assigned to each data stream, which may improve frequency diversity and 
also ensure that the quality of the channel estimate is independent of the slot index or 
indices assigned to the data stream. The second embodiment may be viewed as a form 
of frequency hopping and is described in further detail below. 

[0040] To average out channel estimation and detection performance for all T data 
streams, transmission scheme 410 may be used for the first embodiment with statically 
assigned interlaces, and either transmission scheme 400 or 410 may be used for the 
second embodiment with dynamically assigned interlaces. If the FDM pilot is sent on 
the same one interlace (which is called the pilot interlace) in each symbol period and is 
used to obtain channel estimates for all M interlaces, then the channel estimate for an 
interlace that is closer to the pilot interlace is typically better than the channel estimate 
for an interlace that is further away from the pilot interlace. Detection performance for 
a data stream may be degraded if the stream is consistently allocated interlaces that are 
far away from the pilot interlace. The allocation of interlaces with varying distances (or 
spacing or offset) to the pilot interlace can avoid this performance degradation due to 
channel estimation bias. 

[0041] For the second embodiment, M slots may be defined for each symbol period, 
and each slot may be mapped to one interlace in one symbol period. A slot usable for 
traffic data is also called a data slot, and a slot usable for the FDM pilot is also called a 
pilot slot. The M slots in each symbol period may be given indices 1 through M. Slot 
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index 1 may be used for the FDM pilot, and slot indices 2 through M may be used for 
data transmission. The T data streams may be allocated slots with indices 2 through M 
in each symbol period. The use of slots with fixed indices can simplify the allocation of 
slots to data streams. The M slot indices may be mapped to the M interlaces in each 
symbol period based on any mapping scheme that can achieve the desired frequency 
diversity and channel estimation performance. 

[0042] In a first slot-to-interlace mapping scheme, the slot indices are mapped to 
interlaces in a permutated manner. For transmission scheme 400 with M = 8 and one 
pilot slot and seven data slots in each symbol period, the mapping may be performed as 
follows. The eight interlaces may be denoted "by an original sequence {Ii, I 2 , I3, I4, Is, Ie, 
I7, Is}. A permutated sequence may be formed as {Ii, Is, 13, I7, I2, Ie ? Lb Is}- The z-th 
interlace in the original sequence is placed in the z^ r -th position in the permutated 
sequence, where i e {1 ... 8} , i br e {1 ... 8} , and (i br — 1) is a bit-reverse index of (z — 1) . 

An offset of —1 is used for i and ibr because these indices start from 1 instead of 0. As 
an example, for i — 7 , (7 — 1) = 6 , the bit representation is '110% the bit-reverse index is 

c 011% (i br — 1) = 3 , and i br — 4 . The 7-th interlace in the original sequence is thus 

placed in the 4-th position in the permutated sequence. The two interlaces used for the 
FDM pilot are then combined in the permutated sequence to form a shortened interlace 
sequence {Ii, I5, I3/7, fe* 16, l4> Is}. The A>th slot index used for data transmission (or the 
/c-th data slot index), for k e {2... 8} , is then mapped to the (/c — 1) -th interlace in the 

shortened interlace sequence. For each symbol period thereafter, the shortened interlace 
sequence is circularly shifted to the right by two positions and wraps around to the left. 
The A>th data slot index is again mapped to the (k — 1) -th interlace in the circularly 

shifted shortened interlace sequence. 

[0043] FIG. 5 shows the mapping of slot indices to interlaces for the first mapping 
scheme described above. Slot index I, which is used for the FDM pilot, is mapped to 
interlaces 3 and 7 on alternating symbol periods for transmission scheme 400. Data slot 
indices 2 through 8 are mapped to the seven interlaces in the shortened interlace 
sequence {Ii, Is, I3/7, h, Ie, I4, Is} for the first symbol period, to the circularly or 
cyclically shifted shortened interlace sequence {I4, I 8 , Ii, Is, h/7 9 h., 16} for the second 
symbol period, and so on. As shown in FIG. S, each data slot index is mapped to seven 
different interlaces in seven consecutive symbol periods, where one of the seven 
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interlaces is either interlace 3 or 7. All seven data slot indices should then achieve 
similar performance. 

[0044] In a second slot-to-interlace mapping scheme, the slot indices are mapped to 
interlaces in a pseudo-random manner. A pseudo-random number (PN) generator may 
be used to generate PN numbers that are used to map slot indices to interlaces. The PN 
generator may be implemented with a linear feedback shift register (LFSR) that 

implements a particular generator polynomial, e.g., g(x) = x 15 + x M -+- 1 . For each 
symbol period y, the LFSR is updated and the V least significant bits (LSBs) in the 
LFSR may be denoted as PN (j) , where j = 1, 2, ... and V = log 2 M . The /c-th data 
slot index, for &e{2...M}, maybe mapped to interlace [(PN (j) + k) mod M] + l, if 

this interlace is not used for the FDM pilot, and to interlace 
[(PN (J) + k + V) mod M] + 1 , otherwise. 

[0045] In a third slot-to-interlace mapping scheme, the slot indices are mapped to 
interlaces in a circular manner. For each symbol period j, the £-th data slot index, for 
Are{2...M}, maybe mapped to interlace [(y + &) mod M] + l, if this interlace is not 

used for the FDM pilot, and to interlace [(y 4- k + 1) mod M] + 1 , otherwise. 

[0046] The M slot indices may thus be mapped to the M interlaces in various 
manners. Some exemplary slot-to-interlace mapping schemes have been described 
above. Other mapping schemes may also be used, and this is within the scope of the 
invention. 

[0047] The slots may be allocated to the T data streams in various manners. In a 
first slot allocation scheme, each data stream is allocated a sufficient number of slots in 
each super-frame to transmit a non-negative integer number of data packets (i.e., zero or 
more data packets). For this scheme, the data packets may be defined to have a fixed 
size (i.e., a predetermined number of information bits), which can simplify the coding 
and decoding for the data packets. Each fixed-size data packet may be coded and 
modulated to generate a coded packet having a variable size that is dependent on the 
coding and modulation scheme used for the packet. The number of slots needed to 
transmit the coded packet is then dependent on the coding and modulation scheme used 
for the packet. 

[0048] In a second slot allocation scheme, each data stream may be allocated a non- 
negative integer number of slots in each super-frame, and an integer number of data 
packets may be sent in each allocated slot. The same coding and modulation scheme 
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may be used for all data packets sent in any given slot. Each data packet may have a 
size that is dependent on (1) the number of data packets being sent in the slot and (2) the 
coding and modulation scheme used for that slot. For this scheme, the data packets may 
have variable sizes. 

[0049] The slots may also be allocated to the data streams in other manners. For 
clarity, the following description assumes that the first slot allocation scheme is used by 
the system. 

[0050] Each data stream may be coded in various manners. In an embodiment, each 
data stream is coded with a concatenated code comprised of an outer code and an inner 
code. The outer code may be a block code such as a Reed-Solomon (RS) code or some 
other code. The inner code may be a Turbo code, a convolutional code, or some other 
code. 

[0051] FIG. 6 shows an exemplary outer coding scheme using a Reed-Solomon 
outer code. A data stream is partitioned into data packets. In an embodiment, each data 
packet has a fixed size and contains a predeteirmined number of information bits or L 
information bytes (e.g., 1000 bits or 125 bytes). The data packets for the data stream 
are written into rows of a memory, one packet per row. After K rs data packets have 
been written into K rs rows, block coding is performed column-wise, one column at a 
time. In an embodiment, each column contains K rs bytes (one byte per row) and is 
coded with an (N rs? K rs ) Reed-Solomon code to generate a corresponding codeword that 
contains N rs bytes. The first K rs bytes of the codeword are data bytes (which are also 
called systematic bytes) and the last N n — K rs bytes are parity bytes (which may be 

used by a wireless device for error correction). The Reed-Solomon coding generates 
N re — K rs parity bytes for each codeword, which are written to rows N re — K re through 

N rs of the memory after the K rs rows of data. An RS block contains K rs rows of data and 
N re — K rs rows of parity. In an embodiment;, N IS =16 and K rs is a configurable 

parameter, e.g., K re e {12, 14, 16} . The Reed-Solomon code is disabled when 

K re = N re . Each data/parity packet (or each row) of the RS block is then coded by the 

Turbo inner code to generate a corresponding coded packet. A code block contains N rs 
coded packets for the N rs rows of the RS block. 

[0052] The N rs coded packets for each code block may be sent in various manners. 
For example, each code block may be transmitted in one super-frame. Each super- 
frame may be partitioned into multiple (e.g., four) frames. Each code block may then 
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be partitioned into multiple (e.g., four) sub-blocks, and each sub-block of the code block 
may be sent in one frame of the super-frame. The transmission of each code block in 
multiple parts across a super-frame can provide time diversity. 

[0053] Each data stream may be transmitted with or without hierarchical coding, 
where the term "coding" in this context refers to channel coding rather than data coding 
at a transmitter. A data stream may be comprised of two substreams, which are called a 
base stream and an enhancement stream. The base stream may carry base information 
and may be sent to all wireless devices within the coverage area of the base station. The 
enhancement stream may carry additional information and may be sent to wireless 
devices observing better channel conditions. With hierarchical coding, the base stream 
is coded and modulated to generate a first modulation symbol stream, and the 
enhancement stream is coded and modulated to generate a second modulation symbol 
stream. The same or different coding and modulation schemes may be used for the base 
stream and enhancement stream. The two modulation symbol streams may then be 
scaled and combined to obtain one data symbol stream. 

[0054] Table 1 shows an exemplary set of eight "modes" that may be supported by 
system 100. These eight modes are given indices of 1 through 8. Each mode is 
associated with a specific modulation scheme (e.g., QPSK or 16-QAM) and a specific 
inner code rate (e.g., 1/3, 1/2, or 2/3). Th.e first five modes are for "regular" coding 
with only the base stream, and the last three modes are for hierarchical coding with the 
base and enhancement streams. For simplicity, the same modulation scheme and inner 
code rate are used for both the base and enhancement streams for each hierarchical 
coding mode. 



Table 1 



Mode 


Modulation Scheme 


Inner Code Rate 


Number Slots/Packet 


1 


QPSK 


1/3 


3 


2 


QPSK 


1/2 


2 


3 


16-QAM 


1/3 


1.5 


4 


16-QAM 


1/2 


1 


5 


16-QAM 


2/3 


0.75 


6 


QPSK/QPSK 


1/3 


3 


7 


QPSK/QPSK 


1/2 


2 
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8 


QPSK/QPSK 


2/3 


1.5 



[0055] The fourth column of Table 1 indicates the number of slots needed to 
transmit one fixed-size data packet for each mode. Table 1 assumes a data packet size 
of 2 • S information bits and S usable subbands per slot (e.g., S = 500). Each slot has a 
capacity of S data symbols since the slot is mapped to one interlace with S usable 
subbands and each subband can carry one data symbol. For mode 1, a data packet with 
2-S information bits is coded with a rate 1/3 inner code to generate 6-S code bits, 
which are then mapped to 3 • S data symbols using QPSK. The 3 • S data symbols for 
the data packet may be sent in three slots, with each slot carrying S data symbols. 
Similar processing may be performed for each of the other modes in Table 1. 
[0056] Table 1 shows an exemplary design. Data packets of other sizes (e.g., 500 
information bits, 2000 information bits, and so on) may also be used. Multiple packet 
sizes may also be used, for example, so that each packet may be sent in an integer 
number of slots. For example, a packet size of 1000 information bits may be used for 
modes 1, 2, and 4, and a packet size of 1333 information bits may be used for modes 3 
and 5. In general, the system may also support any number of modes for any number of 
coding and modulation schemes, any number of data packet sizes, and any packet size. 
[0057] FIG. 7A shows transmission of a minimum integer number of data packets, 
using one slot in each of an integer number of symbol periods, for each of the first five 
modes listed in Table 1. One data packet may be sent using one slot in (1) three symbol 
periods for mode 1, (2) two symbol periods for mode 2, and (3) one symbol period for 
mode 4. Two data packets may be sent using one slot in three symbol periods for mode 
3 ? since each data packet takes 1.5 slots to send. Four data packets may be sent using 
one slot in three symbol periods for mode 5, since each data packet takes 0.75 slots to 
send. 

[0058] FIG. 7B shows transmission of a minimum integer number of data packets, 
using an integer number of slots in one symbol period, for each of the first five modes 
listed in Table 1. One data packet may be sent in one symbol period using (1) three 
slots for mode 1, (2) two slots for mode 2, and (3) one slot for mode 4. Two data 
packets may be sent in one symbol period using three slots for mode 3. Four data 
packets may be sent in one symbol period using three slots for mode 5. 
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[0059] As shown in FIGS. 7A and 7B, the minimum number of data packets may be 
transmitted in several manners for each mode (except for mode 4). Transmitting the 
minimum number of data packets in a shorter time period reduces the amount of ON 
time required to receive the data packets but provides less time diversity. The converse 
is true for transmitting the minimum number of data packets over a longer time period. 
[0060] FIG. 8A shows the partitioning of a single coded packet into three slots for 
mode 1 . The three slots may be for three different interlaces in one symbol period or 
one interlace in three different symbol periods. The three slots may observe different 
channel conditions. The bits in the coded packet may be interleaved (i.e., reordered) 
prior to the partitioning into three slots. The interleaving for each coded packet can 
randomize the signal-to-noise ratios (SNRs) of the bits across the coded packet, which 
may improve decoding performance. The interleaving may be performed in various 
manners, as is known in the art. The interleaving may also be such that adjacent bits in 
the coded packet are not sent in the same data symbol. 

[0061] FIG. 8B shows the partitioning of four coded packets into three slots for 
mode 5. The three slots may be sequentially filled by the four coded packets, as shown 
in FIG. 8B. When multiple coded packets share a slot (such as for modes 3 and 5), all 
of the bits to be sent in the slot may be interleaved such that the bits for each coded 
packet sent in the slot are distributed across the subbands used for the slot. The 
interleaving across each slot provides frequency diversity for each coded packet sent in 
the slot and may improve decoding performance . 

[0062] The interleaving across a slot may be performed in various manners. In an 
embodiment, the bits for all coded packets to be sent in a given slot are first mapped to 
data symbols, and the data symbols are then mapped to the subbands used for the slot in 
a permutated manner. For the symbol-to-subband mapping, a first sequence with S' 
sequential values, 0 through S'-l, is initially formed. A second sequence of S' values 
is then created such that the z-th value in the second sequence is equal to the bit reverse 
of the z-th value in the first sequence. All values that are equal to or greater than S' in 
the second sequence are removed to obtain a third sequence with S values ranging from 
0 through S - 1 . Each value in the third sequence is then incremented by one to obtain a 
sequence of S permutated index values ranging from 1 through S, which is denoted as 
F (y) . The y-th data symbol in the slot may be mapped to the F ( y) -th subband in the 

interlace used for the slot. For example, if S = 5O0 and S' = 512 , then the first sequence 
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is {0, 1, 2, 3, 510, 511}, the second sequence is {0, 256, 128, 384, 255, 511}, 
and the third sequence is {0, 256, 128, 384 ? . . . 255}. The sequence F (y) only needs to 

be computed once and may be used for all slots. Other mapping schemes may also be 
used for the symbol-to-subband mapping to achieve interleaving across each slot. 
[0063] In general, each data stream may carry any number of data packets in each 
super-frame, depending on the data rate of the stream. Each data stream is allocated a 
sufficient number of slots in each super- frame based on its data rate, subject to the 
availability of slots and possibly other factors. For example, each data stream may be 
constrained to a specified maximum number of slots in each symbol period, which may 
be dependent on the mode used for the data stream. Each data stream may be limited to 
a specified maximum data rate, which is the maximum number of information bits that 
may be transmitted in each symbol period for the data stream. The maximum data rate 
is typically set by the decoding and buffering capabilities of the wireless devices. 
Constraining each data stream to be within the maximum data rate ensures that the data 
stream can be recovered by wireless devices having the prescribed decoding and 
buffering capabilities. The maximum data rate limits the number of data packets that 
may be transmitted in each symbol period for the data stream. The maximum number 
of slots may then be determined by the maximum number of data packets and the mode 
used for the data stream. 

[0064] In an embodiment, each data stream may be allocated an integer number of 
slots in any given symbol period, and multiple data streams do not share an interlace. 
For this embodiment, up to M — 1 data streams may be sent on the M — 1 data slots in 
each symbol period, assuming that one slot is used for the FDM pilot. In another 
embodiment, multiple data streams may share an interlace. 

[0065] FIG. 9A shows a block diagram of an embodiment of TX data processor 120 
at base station 110. TX data processor 120 includes T TX data stream processors 910a 
through 9 lOt for the T data streams, a TX overhead data processor 930 for 
overhead/control data, a pilot processor 932 for the TDM and FDM pilots, and a 
multiplexer (Mux) 940. Each TX data stream processor 910 processes a respective data 
stream {g?.} to generate a corresponding data symbol stream {Y.} , for i e {1 ... T} . 

[0066] Within each TX data stream processor 910, an encoder 912 receives and 
encodes data packets for its data stream {d £ } and provides coded packets. Encoder 912 

performs encoding in accordance with, for example, a concatenated code comprised of a 
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Reed-Solomon outer code and a Turbo or convolixtional inner code. In this case, 
encoder 912 encodes each block of K rs data packets to generate N rs coded packets, as 
shown in FIG. 6. The encoding increases the reliability of the transmission for the data 
stream. Encoder 912 may also generate and append a cyclic redundancy check (CRC) 
value to each coded packet, which may be used by a wireless device for error detection 
(i.e., to determine whether the packet is decoded correctly or in error). Encoder 912 
may also shuffle the coded packets. 

[0067] An interleaver 914 receives the coded packets from encoder 912 and 
interleaves the bits in each coded packet to generate an interleaved packet. The 
interleaving provides time and/or frequency diversity for the packet. A slot buffer 916 
is then filled with interleaved packets for all the slots allocated to the data stream, e.g., 
as shown in FIG. 8 A or 8B. 

[0068] A scrambler 918 receives and scrambles the bits for each slot with a PN 
sequence to randomize the bits. M different PN seqixences may be used for the M slot 
indices. The M PN sequences may be generated, for example, with a linear feedback 
shift register (LFSR) that implements a particular generator polynomial, e.g., 

g(x) = x 15 + jc 14 + 1 . The LFSR may be loaded with a different 15 -bit initial value for 

each slot index. Furthermore, the LFSR may be reloaded at the start of each symbol 
period. Scrambler 918 may perform an exclusive-OR. on each bit in a slot with a bit in 
the PN sequence to generate a scrambled bit. 

[0069] A bit-to-symbol mapping unit 920 receives the scrambled bits for each slot 
from scrambler 918, maps these bits to modulation symbols in accordance with a 
modulation scheme (e.g., QPSK or 16-QAM) selected, for the data stream, and provides 
data symbols for the slot. The symbol mapping may be achieved by (1) grouping sets of 
B bits to form B-bit binary values, where B > 1 , and (2) mapping each B-bit binary 
value to a complex value for a point in a signal constellation for the modulation scheme. 
The outer and inner codes for encoder 912 and the modulation scheme for mapping unit 
920 are determined by the mode used for the data stream. 

[0070] If the data stream is sent using hierarchical coding, then the base stream may 
be processed by one set of processing units 912 through 920 to generate a first stream of 
modulation symbols, and the enhancement stream may be processed by another set of 
processing units 912 through 920 to generate a second stream of modulation symbols 
(not shown in FIG. 9 for simplicity). The same coding and modulation scheme may be 
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used for both the base stream and the enhancement stream, as shown in Table 1, or 
different coding and modulation schemes may be used for the two streams. A combiner 
may then receive and combine the first and second modulation symbol streams to 
generate the data symbols for the data stream. The hierarchical coding may also be 
performed in other manners. For example, the scrambled bits for both the base stream 
and enhancement stream may be provided to a single bit-to-symbol mapping unit that 
provides the data symbols for the data stream. 

[0071] A slot-to-interlace mapping unit 922 maps each slot assigned to data stream 
{d t } to the proper interlace based on the slot~to-interlace mapping scheme used by the 

system (e.g., as shown in FIG. 5). A symbol-to-subband mapping unit 924 then maps 
the S data symbols in each slot to the proper subbands in the interlace to which the slot 
is mapped. The symbol-to-subband mapping may be performed in a manner to 
distribute the S data symbols across the S subbands used for the slot, as described 
above. Mapping unit 924 provides data symbols for data stream {d t } , which are 

mapped to the proper subbands used for the data stream. 

[0072] TX overhead data processor 930 processes overhead/control data in 
accordance with a coding and modulation scheme used for overhead/control data and 
provides overhead symbols. Pilot processor 932 performs processing for the TDM and 
FDM pilots and provides pilot symbols. Multiplexer 940 receives the mapped data 
symbols for the T data streams from TX data stream processors 910a through 910t, the 
overhead symbols from TX overhead data processor 930, the pilot symbols from pilot 
processor 932, and guard symbols. Multiplexer 940 provides the data symbols, 
overhead symbols, pilot symbols, and guard symbols onto the proper subbands and 
symbol periods based on a MUX TX control from controller 140 and outputs a 
composite symbol stream, {Y c } . 

[0073] FIG. 9B shows a block diagram of axi embodiment of modulator 130 at base 
station 110. Modulator 130 includes an inverse fast Fourier transform (IFFT) unit 950 
and a cyclic prefix generator 952. For each symbol period, IFFT unit 950 transforms 
the N symbols for the N total subbands to the time domain with an N-point IFFT to 
obtain a "transformed" symbol that contains N time-domain samples. To combat 
intersymbol interference (ISI), which is caused by frequency selective fading, cyclic 
prefix generator 952 repeats a portion (or C samples) of each transformed symbol to 
form a corresponding OFDM symbol that contains N -)- C samples. The repeated 



WO 2005/041515 PCT/US2004/035042 

18 

portion is often called a cyclic prefix or guard interval. For example, the cyclic prefix 
length may be C = 512 for N = 4096. Each OFDM symbol is transmitted in one 
OFDM symbol period (or simply, symbol period), which is N + C sample periods. 
Cyclic prefix generator 952 provides an output sample stream {y} for the composite 

symbol stream {Y c } . 

[0074] FIG. 10A shows a block diagram of an embodiment of demodulator 160 at 
wireless device 150. Demodulator 160 includes a cyclic prefix removal unit 1012, a 
Fourier transform unit 1014, a channel estimator 1016, and a detector 1018. Cyclic 
prefix removal unit 1012 removes the cyclic prefix in each received OFDM symbol and 
provides a sequence of N input samples, {x(n)} 3 for the received OFDM symbol. 
Fourier transform unit 1014 performs a partial Fourier transform on the input sample 
sequence {x(n)} for each selected interlace m and provides a set of S received symbols, 

{X m (k)} , for that interlace, where m = l ... M. Channel estimator 1016 derives 

channel gain estimate {H m (£)} for each selected interlace m based on the input sample 
sequence {x(n)} . Detector 1018 performs detection (e.g., equalization or matched 
filtering) on the set of S received symbols {X m (£)} for each selected interlace with the 

channel gain estimate {H m (/c)} for that interlace and provides S detected data symbols 

{Y m (k)} for the interlace. 

[0075] FIG. 10B shows a block diagram of an embodiment of RX data processor 
170 at wireless device 150. A multiplexer 1030 receives the detected data symbols for 
all interlaces from detector 1018, performs multiplexing of the detected data and 
overhead symbols for each symbol period based on the MUXJRX control, provides 
each detected data symbol stream of interest to a respective RX data stream processor 
1040, and provides a detected overhead symbol stream to an RX overhead data 
processor 1060. 

[0076] Within each RX data stream processor 1040, a subband-to-symbol 
demapping unit 1 042 maps the received symbol on each subband in a selected interlace 
to the proper position within a slot. An interlace-to-slot demapping unit 1044 maps 
each selected interlace to the proper slot. A symbol-to-bit demapping unit 1046 maps 
the received symbols for each slot to code bits. A descrambler 1048 descrambles the 
code bits for each slot and provides descrambled data. A slot buffer 1050 buffers one or 
more slots of descrambled data, performs reassembly of packets as needed, and provides 
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descrambled packets. A deinterleaver 1052 deinterleaves each descrambled packet and 
provides a deinterleaved packet. A decoder 1054 decodes the deinterleaved packets and 
provides decoded data packets for data stream {d;} . In general, the processing 

performed by the units within RX data stream processor 1040 is complementary to the 
processing performed by the corresponding units within TX data stream processor 910 
in FIG. 9A. The symbol-to-bit demapping and the decoding are performed in 
accordance with the mode used for the data stream. RX overhead data processor 1060 
processes the received overhead symbols and provides decoded overhead data. 
[0077] Because of the periodic structure of the M interlaces, Fourier transform unit 
1014 may perform a partial S' -point Fourier transform for each selected interlace m to 
obtain the set of S received symbols {X m (k)} for that interlace. The Fourier transform 

for the S' subbands that include all S subbands of interlace m, where m = 1 ... M 3 may 
be expressed as: 

X(M k + ni) = YjXin) ■ , 

for k = l ... S', Eq(l) 

= f>(«) • W™ ■ , 

23T(«-l)(/?-l) 

where x(ti) is the input sample for sample period n, W-^f ~e N ? and 
N = M • S' . The following terms may be defined: 

x m (n) = jc(tz) - W™ , for n = 1 ... N , and Eq (2) 

M-l 

S m (n) = IX 05' ■' + »). for n = 1 ... S' , Eq (3) 

1=0 

where x m (n) is a rotated sample obtained by rotating the input sample x(n) by 

W™ — e N ? which is a phasor that varies from sample to sample 

(the —1 in the exponent for the terms m — 1 and n — 1 is due to an index 
numbering scheme that starts with 1 instead of 0); and 
g m (n) is a time-domain value obtained by accumulating M rotated samples that 

are spaced apart by S' samples. 
[0078] Equation (1) may then be expressed as: 
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X m (k) = X(M k + m) = ^gM-W s *? , for k = l ... S' . Eq (4) 

[0079] A partial S' -point Fourier transform for interlace m may be performed as 
follows. Each of the N input samples in the sequence {x(n)} for one symbol period is 

first rotated by W™ , as shown in equation (2), to obtain a sequence of N rotated 

samples {x m (n)} . The rotated samples are then accumulated, in S' sets of M rotated 

samples, to obtain S' time-domain values {g m (ji)} , as shown in equation (3). Each set 

contains every S'-th rotated sample in the sequence {x m ( n )} ■> with the S' sets being 

associated with different starting rotated samples in the sequence {x m (n)} . A normal 

S' -point Fourier transform is then performed on the S' time-domain values {g m (n)} to 

obtain the S' received symbols for interlace m. The received symbols for the S usable 
subbands are retained, and the received symbols for the S'-S unused subbands are 
discarded. 

[0080] For channel estimation, a partial S' -point Fourier transform may be 
performed on the N input samples for interlace p used for the FDM pilot to obtain a set 
of S received pilot symbols, {X (/c)} or X(TsA • k + p) . The modulation on the received 

pilot symbols is then removed to obtain channel gain estimates {H p (fc)} for the 
subbands in interlace p, as follows: 

i 

H(k) = H(M-k + p) = X(M-k + j?)-P\M-k + p) , for k = l ... S', Eq (5) 

where P(M • k + p) is the known pilot symbol for the &-th subband in interlace p and 

" * " is a complex conjugate. Equation (5) assumes that all S' subbands are used for 
pilot transmission. An S' -point TFFT is then performed on the channel gain estimates 

{H p (k)} to obtain a sequence of S' modulated time-domain channel gain values, 
{h p (n)} , which may be expressed as: h p {n) = h(n) - W£ n , for n = 1 ... S' . The channel 
gain values in the sequence {h p (n)} are then derotated by multiplication with W~ pn to 

obtain a sequence of S r derotated time-domain channel gain values, 
h(n) = h p (n) -W- pn ,for n = l ... S'. 
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[0081] The channel gain estimates for the subbands in interlace m may then be 
expressed as: 

H m (k) = H(M -k + m) , 

S' 

= • Wg 1 **"*' , for ifc = 1 ... S\ Eq(6) 

«=i 

n=l 

As indicated in equation (6), the channel gain estimates for the subbands in interlace m 
may be obtained by first multiplying each derotated time-domain channel gain value in 

the sequence {h(n)} by W™ to obtain a sequence of S' rotated channel gain values, 
{h m (n)} . A normal S' -point FFT is then performed on the sequence {h m (n)} to obtain 
S' chaimel gain estimates for the subbands in interlace m. The derotation of h p (n) by 
W^ pn and the rotation of h(ri) by W™ may be combined, so that the rotated channel 
gain values for interlace m may be obtained as (n) = h p (ji) • W-^ n ~ p)n ? for n = 1 ... S' . 

[0082] An exemplary channel estimation scheme has been described above. The 
channel estimation may also be performed in other manners. For example, the channel 
estimates obtained for different interlaces used for pilot transmission may be filtered 
(e.g., over time) and/or post-processed (e.g., based on a least square estimate of the 
impulse response {h(n)}) to obtain a more accuxate channel estimate for each interlace 

of interest. 

[0083] The multiplexing techniques described herein may be implemented by 
various means. For example, these techniques may be implemented in hardware, 
software, or a combination thereof. For a hardware implementation, the processing 
units used to perform the multiplexing at a base station may be implemented within one 
or more application specific integrated circuits (ASICs), digital signal processors 
(DSPs), digital signal processing devices (DSPDs), programmable logic devices 
(PLDs), field programmable gate arrays (FPGAs), processors, controllers, micro- 
controllers, microprocessors, other electronic units designed to perform the functions 
described herein, or a combination thereof. The processing units used to perform the 
complementary processing at a wireless device may also be implemented within one or 
more ASICs, DSPs, and so on. 
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[0084] For a software implementation, the multiplexing techniques may be 
implemented with modules (e.g., procedures, functions, and so on) that perform the 
functions described herein. The software codes may be stored in a memory unit (e.g., 
memory unit 142 or 182 in FIG. 1) and executed by a processor (e.g., controller 140 or 
180). The memory unit may be implemented within the processor or external to the 
processor, in which case it can be communicatively coupled to the processor via various 
means as is known in the art. 

[0085] The previous description of the disclosed embodiments is provided to enable 
any person skilled in the art to make or use the present invention. Various 
modifications to these embodiments will be readily apparent to those skilled in the art, 
and the generic principles defined herein may be applied to other embodiments without 
departing from the spirit or scope of the invention. Thus, the present invention is not 
intended to be limited to the embodiments shown herein but is to be accorded the widest 
scope consistent with the principles and novel features disclosed herein. 



[0086] WHAT IS CLAIMED IS: 



WO 2005/041515 



PCT/US2004/035042 



23 

CLAIMS 

1 . A method of transmitting data in a wireless multi-carrier communication 
system, comprising: 

allocating slots to each of a plurality of data symbol streams, wherein each slot 
is a unit of transmission and a plurality of slots are frequency division multiplexed in 
each symbol period; 

multiplexing data symbols in each data symbol stream onto the slots allocated to 
the data symbol stream; and 

forming a composite symbol stream with multiplexed data symbols for the 
plurality of data symbol streams, wherein the plurality of data symbol streams are 
independently recoverable by a receiver. 

2. The method of claim 1, further comprising: 

forming a plurality of non-overlapping interlaces with U frequency subbands 
usable for transmission, where U > 1 and each interlace is a different set of frequency 
subbands selected from among the U frequency subbands; and 

mapping the plurality of slots in each symbol period to the plurality of interlaces. 

3. The method of claim 1, further comprising: 

forming 2 N non-overlapping interlaces with a plurality of frequency subbands 
usable for transmission, where N > 1 each interlace is a different set of frequency 
subbands selected from among the plurality of frequency subbands; and 

mapping the plurality of slots in each symbol period to the 2 N interlaces. 

4. The method of claim 3, wherein N is equal to 1, 2, 3 or 4. 

5. The method of claim 2, wherein the forming the plurality of non- 
overlapping interlaces comprises 

forming the plurality of interlaces with equal number of frequency subbands. 

6. The method of claim 2, wherein the forming the plurality of non- 
overlapping interlaces comprises 
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forming the plurality of interlaces with the frequency subbands in each interlace 
being interlaced with the frequency subbands in each of remaining interlaces. 

7. The method of claim 2, wherein the forming the plurality of non- 
overlapping interlaces comprises 

forming a plurality of groups of frequency subbands, each group including 
frequency subbands uniformly distributed across T total frequency subbands in the 
system, where T > U, and 

forming each interlace with frequency subbands selected from a respective 
group of frequency subbands. 

8. The method of claim 2, wherein the allocating slots to each of the 
plurality of data symbol streams comprises 

allocating each of the plurality of interlaces to one data symbol stream, if at all, 
in each symbol period. 

9. The method of claim 2, wherein the plurality of slots in each symbol 
period are identified by slot indices, the method further comprising: 

for each symbol period, mapping the slot indices to the plurality of interlaces 
based on a mapping scheme. 

10. The method of claim 9, wherein the mapping the slot indices to the 
plurality of interlaces comprises 

mapping each slot index used for data transmission to different ones of the 
plurality of interlaces in different symbol periods. 

1 1 . The method of claim 2, further comprising: 

distributing data symbols multiplexed onto each allocated slot across the 
frequency subbands in the interlace to which the slot is mapped. 

12. The method of claim 11, wherein the distributing the data symbols 
multiplexed onto each allocated slot comprises 
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distributing data symbols for each data packet sent in the slot across the 
frequency subbands in the interlace to which the slot is mapped. 

1 3 . The method of claim 2, further comprising: 

selecting slots for pilot transmission from among the plurality of slots in each 
symbol period; and 

multiplexing pilot symbols onto the slots used for pilot transmission. 

14. The method of claim 13, further comprising: 

mapping the slots used for pilot transmission to different interlaces in different 
symbol periods. 

15. The method of claim 13, further comprising: 

mapping the plurality of slots in each symbol period to the plurality of interlaces 
such that interlaces used for pilot transmission have varying distances to interlaces used 
for data transmission. 

16. The method of claim 9, further comprising: 
allocating at least one slot index for pilot transmission; and 
allocating remaining slot indices for data transmission. 

17. The method of claim 16, further comprising: 

mapping the at least one slot index used for pilot transmission to at least one 
predetermined interlace; and 

mapping each slot index used for data transmission to different interlaces in 
different symbol periods. 

18. The method of claim 1, further comprising: 

processing a plurality of data streams to obtain the plurality of data symbol 
streams, one data symbol stream for each data stream. 

19. The method of claim 1, wherein the allocating the slots to each of the 
plurality of data symbol streams comprises 
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allocating a particular number of slots to each data symbol stream based on at 
least one packet size and at least one coding and modulation scheme used for the data 
symbol stream. 

20. The method of claim 18, wherein the processing the plurality of data 
streams comprises 

encoding data packets for each data stream in accordance with a coding scheme 
to generate coded packets fox* the data stream; and 

modulating the coded packets for each data stream in accordance with a 
modulation scheme to generate data symbols for the corresponding data symbol stream. 

2 1 . The method o f claim 1 8 ? 

wherein the encoding the data packets for each data stream comprises encoding 
an integer number of data packets for each data stream in each frame of a predetermined 
time period, and 

wherein the allocating the slots to each of the plurality of data symbol streams 
comprises allocating an integer number of slots to each data symbol stream in each 
frame based on the number of data packets being transmitted in the frame for the 
corresponding data stream. 

22. The method of claim 1, wherein the allocating the slots to each of the 
plurality of data symbol streams comprises 

allocating each data symbol stream a particular number of slots determined by 
decoding constraint and a coding and modulation scheme used for the data symbol 
stream. 

23. An apparatus in a wireless multi-carrier communication system, 
comprising: 

a controller operative to allocate slots to each of a plurality of data symbol 
streams, wherein each slot is a unit of transmission and a plurality of slots are frequency 
division multiplexed in each symbol period; and 

a data processor operative to multiplex data symbols in each data symbol stream 
onto the slots allocated to the data symbol stream and to form a composite symbol 
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stream with multiplexed data symbols for the plurality of data symbol streams, wherein 
the plurality of data symbol streams are independently recoverable by a receiver. 

24. The apparatus of claim 23, wherein the controller is further operative to 
form a plurality of non-overlapping interlaces with U frequency subbands usable for 
transmission, where U > 1, and to map the plurality of slots in each symbol period to the 
plurality of interlaces, each interlace being a different set of frequency subbands 
selected from among the U frequency subbands. 

25. The apparatus of claim 24, wherein the plurality of slots in each symbol 
period are identified by slot indices, and wherein the data processor is further operative 
to, for each symbol period, map the slot indices to the plurality of interlaces based on a 
mapping scheme. 

26. The apparatus of claim 23, wherein the controller is further operative to 
select slots for pilot transmission from among the plurality of slots in each symbol 
period, and wherein the data processor is further operative to multiplex pilot symbols 
onto the slots used for pilot transmission. 

27. The apparatus of claim 23, wherein the controller is further operative to 
allocate a particular number slots to each data symbol stream based on at least one 
packet size and at least one coding and modulation scheme used for the data symbol 
stream. 

28. The apparatus of claim 23, the data processor is further operative to 
process a plurality of data streams to obtain the plurality of data symbol streams, one 
data symbol stream for each data stream. 

29. The apparatus of claim 23, wherein the wireless multi-carrier 
communication system utilizes orthogonal frequency division multiplexing (OFDM). 

30. The apparatus of claim 23, wherein the wireless multi-carrier 
communication system is a broadcast system. 
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31. An apparatus in a wireless multi-carrier communication system, 
comprising: 

means for allocating slots to each of a plurality of data symbol streams, wherein 
each slot is a unit of transmission and a plurality of slots are frequency division 
multiplexed in each symbol period; 

means for multiplexing data symbols in each data symbol stream onto the slots 
allocated to the data symbol stream; and 

means for forming a composite symbol stream with multiplexed data symbols 
for the plurality of data symbol streams, wherein the plurality of data symbol streams 
are independently recoverable by a receiver. 

32. The apparatus of claim 31, further comprising: 

means for forming a plurality of non-overlapping interlaces with U frequency 
subbands usable for transmission, where U > 1 and each interlace is a different set of 
frequency subbands selected from among the U frequency subbands; and 

means for mapping the plurality of slots in each symbol period to the plurality of 
interlaces. 

33. The apparatus of claim 32, wherein the plurality of slots in each symbol 
period are identified by slot indices, the apparatus further comprising: 

means for mapping the slot indices to the plurality of interlaces for each symbol 
period based on a mapping scheme. 

34. The apparatus of claim 31, further comprising: 

means for selecting slots for pilot transmission from among the plurality of slots 
in each symbol period; and 

means for multiplexing pilot symbols onto the slots used for pilot transmission. 

35. The apparatus of claim 31, further comprising: 

means for processing a plurality of data streams to obtain the plurality of data 
symbol streams, one data symbol stream for each data stream. 

36. A method of receiving data in a wireless multi-carrier communication 
system, comprising: 
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selecting at least one data stream for recovery from among a plurality of data 
streams transmitted by a transmitter in the system; 

determining slots used for each selected data stream, wherein each slot is a unit 
of transmission and a plurality of slots are frequency division multiplexed in each 
symbol period, wherein data symbols for each of the plurality of data streams are 
multiplexed onto slots allocated to the data stream, and wherein the plurality of data 
streams are independently recoverable by a receiver; 

multiplexing detected data symbols obtained for slots used for each selected data 
stream onto a detected data symbol stream, wherein each detected data symbol is an 
estimate of a data symbol and at least one detected data symbol stream is obtained for 
the at least one data stream selected for recovery; and 

processing each detected data symbol stream to obtain a corresponding decoded 
data stream. 

37. The method of claim 35, further comprising: 

mapping the plurality of slots in each symbol period to a plurality of non- 
overlapping interlaces formed with U frequency subbands disable for transmission, 
where U > 1 and each interlace is a different set of frequency subbands selected from 
among the U frequency subbands,. 

38. The method of claim 37, wherein the plurality of slots in each symbol 
period are identified by slot indices, and wherein the mapping the plurality of slots in 
each symbol period comprises 

mapping the slot indices to the plurality of interlaces in each symbol period 
t>ased on a mapping scheme. 



performing a partial Fourier transform for each slot used for each selected data 
stream to obtain received data symbols for the slot, the partial Fourier transform being a 
Fourier transform for fewer than all frequency subbands in the system; and 

performing detection on the received data symbols for each slot used for each 
selected data stream to obtain detected symbols for the slot. 



39. 



The method of claim 36, further comprising: 



40. 



The method of claim 36, further comprising: 
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performing a partial Fourier transform for each slot used for pilot transmission to 
obtain a channel estimate for the slot. 



41 . The method of claim 40, further comprising: 

deriving a channel estimate for each slot used for each selected data stream 
based on channel estimates obtained from slots used for pilot transmission. 

42. An apparatus in a wireless multi-carrier communication system, 
comprising: 

a controller operative to select at least one data stream for recovery from among 
a plurality of data streams transmitted by a transmitter in the system and to determine 
slots used for each selected data stream, wherein each slot is a unit of transmission and a 
plurality of slots are frequency division multiplexed in each symbol period, wherein 
data symbols for each of the plurality of data streams are multiplexed onto slots 
allocated to the data stream, and wherein the plurality of data streams are independently 
recoverable by a receiver; and 

a data processor operative to multiplex detected data symbols obtained for slots 
used for each selected data stream onto a detected data symbol stream and to process 
each detected data symbol stream to obtain a corresponding decoded data stream, 
wherein each detected data symbol is an estimate of a data symbol and at least one 
detected data symbol stream is obtained for the at least one data stream selected for 
recovery. 

43. The apparatus of claim 42, wherein the controller is further operable to 
map the plurality of slots in each symbol period to a plurality of non-overlapping 
interlaces formed with U frequency subbands usable for transmission, where U > 1 and 
each interlace is a different set of frequency subbands selected from among the U 
frequency subbands. 

44. The apparatus of claim 42, further comprising: 

a demodulator operative to perform a partial Fourier transform for each slot used 
for each selected data stream to obtain received data symbols for the slot and to perform 
detection on the received data symbols for each slot used for each selected data stream 
to obtain detected symbols for the slot. 



WO 2005/041515 



PCT/US2004/035042 



31 

45. An apparatus in a wireless multi-carrier communication system, 
comprising: 

means for selecting at least one data stream for recovery from among a plurality 
of data streams transmitted by a transmitter in the system; 

means for determining slots used for each selected data stream, wherein each 
slot is a unit of transmission and a plurality of slots are frequency division multiplexed 
in each symbol period, wherein data symbols for each of the plurality of data streams 
are multiplexed onto slots allocated to the data stream, and wherein the plurality of data 
streams are independently recoverable by a receiver; 

means for multiplexing detected data symbols obtained for slots used for each 
selected data stream onto a detected data symbol stream, wherein each detected data 
symbol is an estimate of a data symbol and at least one detected data symbol stream is 
obtained for the at least one data stream selected for recovery; and 

means for processing each detected data symbol stream to obtain a 
corresponding decoded data stream. 

46. The apparatus of claim 45, further comprising: 

means for mapping the plurality of slots in each symbol period to a plurality of 
non-overlapping interlaces formed with U frequency subbands usable for transmission, 
where U > 1 and each interlace is a different set of frequency subbands selected from 
among the U frequency subbands. 

47. The apparatus of claim 45, further comprising: 

means for performing a partial Fourier transform for each slot used for each 
selected data stream to obtain received data symbols for the slot; and 

means for performing detection on the received data symbols for each slot used 
for each selected data stream to obtain detected symbols for the slot. 
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RATE SELECTION FOR 
A MULTI-CARRIER MIMO SYSTEM 



i 



CROSS-REFERENCE TO RELATED APPLICATION 
[0001] This application claims the benefit of U,S. Provisional Patent Application Serial No. 

60/514,402, filed October 24 5 2003, which is incorporated herein by reference in their 
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[0002] The present invention relates generally to communication, and more specifically to 

techniques for performing rate selection for data transmission in a multi-carrier 
multiple-input multiple-output (MIMO) communication system. 



[0003] A MIMO system employs multiple (N?) transmit antennas at a transmitter and 

multiple (Nr) receive antennas at a receiver for data transxnissioxL A MEMO channel 
formed by the Nt transmit antennas and Nr receive antennas may be decomposed into 
Ns spatial channels, where N s < min{N T , N R }/ The Ns spatial channels may be used 

to transmit data in parallel to achieve higher throughput and/or redundantly to achieve 
greater reliability. 

[0004] Orthogonal frequency division multiplexing -(OFDM) is a multi-carrier modulation 

scheme that effectively partitions the overall system bandwidth into multiple (Np) 
orthogonal subbands. These subbands are also referred to as tones, subcamers, bins, 
and frequency channels. With OFDM, each subband is associated with a respective 
subcarrier that may be modulated with data. 

[0005] For a MEMO system that utilizes OFDM (i.e., a MIMO-OFDM . system), Np 

subbands are available on each of the N$ spatial channels for data transmission. The N F 
subbands of each spatial channel may experience different channel ■ conditions (e.g., 
different fading, multipath, and interference effects) and may achieve different channel 
gains and signal-to-noise-and-mterference ratios (SNRs), Depending on the multipath 
profile of the MEMO channel, the channel gains and SNRs may vary widely across the 
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N F subbands of each spatial channel and xmay further vary widely among the N$ spatial 
channels. 

[0006] For the MIMO-OFDM system, one modulation symbol may be transmitted on each 

subband of each spatial channel, and up to N F *N S modulation symbols may be 

transmitted simultaneously in each OFDM symbol period. Each transmitted modulation 
symbol is distorted by the channel gain for the subband of the spatial channel via which 
the symbol is transmitted and further degraded by channel noise and interference. For a 
multipath MTMO channel, which is a MIMO channel with a frequency response that is 
not flat, the number of information bits that may be reliably transmitted on each 
subband of each spatial channel may vary from subband to subband and from spatial 
channel to spatial channel. The different transmission capabilities of the different 
subbands and spatial channels plus the time-variant nature of the MIMO channel make 
it challenging to ascertain the. true transmission capacity of the MIMO-OFDM system. 
[0007] There is therefore a need in the art for techniques to accurately determine the 

transmission capacity of the MIMO-OFDM system for efficient data transmission. 



S] Techniques for performing rate selection in a multi-carrier MIMO system 

(e.g., a MIMO-OFDM system) with a multipath MIMO channel are described herein. 
Ill an embodiment, a post-detection SNR, SNR £ (k) 9 for each subband k of each spatial 

channel £ used for data transmission is initially determined for a "theoretical" multi- 
carrier MIMO system that is capable of achieving capacity of the MIMO channel. The 
post-detection SNR is the SNR after spatial processing or detection at a receiver, The 
theoretical system has no implementation losses, A constrained spectral efficiency 
S £ (k) for each subband of each spatial channel is then determined based on its post- 
detection SNR, a modulation scheme M, and a constrained spectral efficiency function 
f sfM (SNR e {k) 9 M). An average constrained spectral efficiency S for all subbands of 

all spatial channels used for data transmission is next determined based on the 
constrained spectral efficiencies for the individual subbands of the spatial channels. 
[6009] An equivalent system with an additive white Gaussian noise (AWGN) channel 

needs an SNR of SNR equiv to achieve a constrained spectral efficiency of S with 

modulation scheme M. An AWGN channel is a channel with a flat frequency response. 
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The equivalent system also has no implementation losses. The equivalent SNR may be 
determined based on an inverse constrained spectral efficiency function f^ 0 (S avs , M) . 

A rate R is then selected for data transmission in the multi-carrier MIMO system based 
on the equivalent SNR. The multi-carrier MJMO system may support a specific set of 
rates, and the required SNRs for these rates may be detenxuned and stored in a look-up 
table. The selected rate is the highest rate among the supported rates with a required 
SNR that is less than or equal to the equivalent SNR, A back-off factor may be 
computed to account for error in the rate prediction, system losses, and so on. The rate 
R mav then be selected in a manner to account for the back-off factor, as described 
below. 

i 

\ 

. ! [00101 Various aspects and embodiments of the invention are described in further detail 

1 ' ' below. 

I 

i ' 

■ i ' 

BRIEF DESCRIPTION OF THE DRAWINGS 
; [0011] The features and nature of the present invention will become more apparent from 

the detailed description set forth below when taken in conjunction with the drawings in 
i I f which like reference characters identify correspondingly throughout and wherein; 

■ t 
i 

[0612] FIG, 1 shows a transmitter and a receiver in a MEMO-OFDM system; 

: i 

: ; [0013] FIG, 2 illustrates rate selection for the MJMO-OFDM system; - " 

[0014] FIG. 3 shows a process for performing rate selection for a MEMO-OFDM system 

with a multipath MIMO channel: 
[0015] FIG, 4 A illustrates constrained spectral efficiencies for spatial channels in the 

MIMO-OFDM system with the multipath MIMO channel; 
\ [0016] FIG. 4B illustrates constrained spectral efficiency for an equivalent system with an 

; AWGN channel; 

[0017] FIG. 5 shows a block diagram of the transmitter; 

[0018] FIG, 6 show's a block diagram of the receiver: and 

[0019] FIG. 7 shows a receive (RX) spatial processor and an RX data processor that 

implement iterative detection and decoding (BDD). 

DETAILED DESCRIPTION 
[6020] The word "exemplary" is used herein to mean "serving as an example, instance, or 

illustration." Any embodiment or design described herein as "exemplary" is not 
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necessarily to be construed as preferred or advantageous over other embodiments or 

[0021] The rate selection techniques described herein may he used for various types of 

multi-carrier MXMO system, For clarity, these techniques are specifically described for 
a MBMiO-OFDM system. 

[0022] FIG* 1 shows a block diagram of a transmitter 110 and a receiver 1.50 in a 3V0MO- 

* 

OFDM system 100. At transmitter 110, a transmit (TX) data processor 120 receives 
packets of data from a data source 112, TX data processor 120 encodes, interleaves, 
and modulates each data packet in accordance with a rate selected for that packet to 
obtain a corresponding block of data symbols, As used herein, a data symbol is a 
modulation symbol for data, and a pilot symbol is a modulation symbol for pilot, which 
is known a priori by both the transmitter and receiver. The selected rate for each data 
packet may indicate the data rate, coding scheme or code rate, modulation scheme, 
packet size, and so on for that packet, which are indicated by various controls provided 
by a controller 140. 

[0023] A TX spatial processor 130 receives and spatially processes each data symbol block 

for transmission on the Ny subbands of the N T transmit antennas. TX spatial processor 
130 further multiplexes in pilot symbols and provides Nt streams of transmit symbols to 
a transmitter unit (TMTR) 132. Each transmit symbol may be for a data symbol or a 
pilot symbol. Transmitter unit 132 performs OFDM modulation on the Nt transmit 
symbol streams to obtain Nt OFDM symbol steams and further processes these OFDM 
symbol streams to generate Nt modulated signals. Each modulated signal is transmitted 
from a respective transmit antenna (not shown in FIG, 1) and via a M3MO channel to 
receiver 150. The MEMO channel distorts the N T transmitted signals with a M3MO 
channel response and further degrades the transmitted signals with noise and possibly 
interference from other transmitters. 

[0024] At receiver 150, the Nt transmitted signals are received by each of Nr receive 

antennas (not shown in FIG, 1), and the N R received signals from the Nr receive 
antennas are provided to a receiver unit (RCVR) 154. Receiver unit 154 conditions and 
digitizes each received signal to obtain a corresponding stream of samples and further 
performs OFDM demodulation on each sample stream to obtain a stream of received 
symbols. Receiver unit 154 provides Nr received symbol streams (for data) to an RX 
spatial processor 160 and received pilot symbols (for pilot) to a channel estimator 172. 
RX spatial processor 160 spatially processes or detects the Nr received symbol streams 
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to obtain detected symbols, which are estimates of the data symbols transmitted by 
transmitter 110. ' 

[0025] An RX data processor 170 receives, demodulates, deinterleaves, and decodes each 

block of detected symbols in accordance with its selected rate to obtain a corresponding 
decoded packet, which is an. estimate of the data packet sent by transmitter 1 10, RX 
data processor 170 also provides the status of each decoded packet, which indicates 
whether the packet is decoded correctly or in error. 

[0026] Channel estimator 172 processes the received pilot symbols and/or received data 

symbols to obtain channel estimates for the MIMQ channel. The channel estimates may 
include channel gain estimates, SNR estimates, and so on. A rate selector 174 receives 
the channel estimates and selects a suitable rate for data transmission to receiver 150. A 
controller 180 receives the selected rate from rate selector 174 and the packet status 
from RX data processor 170 and assembles feedback information fox transmitter 1 10, 
The feedback information may include the selected rate, acknowledgments (ACKs) or 
negative acknowledgments (NAKs) for current and/or prior data packets, and so on, 
The feedback information is processed and transmitted via a feedback channel to 
transmitter 1 10. 

[0027] At transmitter 110, the signal(s) transmitted by receiver 150 are received and 

processed to recover the feedback information sent by receiver 150, Controller 140 
receives the recovered feedback information, uses the selected rate to process 
subset, d*. pa**, to be sen. «o ^ver 150, mt ! „ SeS ft. ACKs/NAKs ,0 co !ltrol 
retransmission of the current and/or prior data packets, 

[0028] Controllers 140 and 180 direct the operation at transmitter 110 and receiver 150, 

respectively. Memory units 142 and 182 provide storage for program codes and data 
used by controllers 140 and 180, respectively. Memory units 142 and 182 may be 
internal to controllers 140 and 180, as shown in FIG. 1, or external to these controllers. 

[0029] A major challenge for the MIMO-GFBM system is selecting a suitable rate 

for data transmission based on channel conditions. The goal of the rate selection is to 
maximize throughput on the Ns spatial channels while meeting certain quality 
objectives, which may be quantified by a particular packet error rate (e.g., 1% PER). 

[0030] The performance of the MIMO-OFDM system is highly dependent on the accuracy 

of the rate selection. If the selected rate for data transmission is too conservative, then 
excessive system resources are expended for the data transmission and channel capacity 
is underutilized. Conversely, if the selected rate is too aggressive, then the receiver may 



<wo 



2005043S5SA1 ! > 



WO 2005/043855 PCT/US2004/033680 

6 

decode the data transmission in error and system resources may be expended for 

retransmission. Rate selection for the M1MO-OFDM system is challenging because of 

< 

the complexity in estimating the true transmission capability of a multipath MEMO 
channel. 

A multipath MIMO channel fanned by the N T transmit antennas at transmitter 110 
and the N R recei ve antennas at receiver 150 may be characterized by a set of Np channel 
response matrices W(k) a for k — 1 ... N F 5 which may be expressed, as: 



— >, : : 1 „ : 

k 

li 



for fc = 1 N F , Eq (1) 



where entry h k j(k)* for i = l ... N R , j = l ..„.N T , and fc = l ... N F , denotes the 

complex channel gain between transmit antenna j and receive antenna i for sobband k, 
For simplicity, the following description assumes that each channel response matrix 
H(&) is full rank and the number of spatial channels is N s = N T < N R . In general, a 

spatial channel is an effective channel between an element of a data symbol vector s(k) 

. at the transmitter and a corresponding element of a detected symbol vector §(&) at the 

receiver. The vectors s(fe) and ${k) are described below. The Nt spatial channels of 

the MIMO channel are dependent on the spatial processing (if any) performed at the 
transmitter and the spatial processing performed at the receiver. 
[0032] The multipath MEMO channel has a capacity that can be determined in various 

manners. As used herein, "capacity" denotes the transmission capability of a channel, 
and "spectral efficiency" denotes the general concept of "capacity per dimension", 
where the dimension may be frequency and/or space. Spectral efficiency may be given 
in units of bits per second per Hertz per spatial channel (bps/Hz/ch) for the MIMO- 
OFDM system. Spectral efficiency is often specified as being either constrained or 
unconstrained. An "unconstrained" spectral efficiency is typically defined as the 
theoretical maximum data rate that may be reliably used for a channel with a given 
channel response and noise variance, A "constrained" spectral efficiency is further 
dependent on the specific modulation scheme used for data transmission. The 
constrained capacity (due to the fact that modulation symbols are restricted to specific 
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points on a signal constellation) is lower than the unconstrained capacity (which is not 
confined by any signal constellation), 
[0033] FIG, 2 graphically illustrates a technique for performing rate selection for a MIMO- 

OFDM system with a xnultipath MIMO channel. For a given multipath MIMO channel 
defined by a channel response of H(£),for "fc = l ... N pt and a noise variance of A 7 0 , a 

theoretical MIMO-OFDM system has an average constrained spectral efficiency of S av§ 

with modulation scheme M; As used herein, a "theoretical" system is one without any 
losses, and a "practical" system is one with implementation losses (e.g., doe to hardware 
imperfections), code loss due to the fact that practical codes do not work at capacity, 
and any other losses. The theoretical and practical systems both use one or more 
modulation schemes for data transmission and are defined by constrained spectral 
efficiencies. The average constrained spectral efficiency S may be determined as 

described below. In general, different modulation schemes may be used for different 
subbands and/or spatial channels. For simplicity, the following description assumes that 
the same modulation scheme Mis used for ail subbands of all spatial channels available 
for data transmission, 

[0034] An equivalent system with an AWGN channel needs an SNR of SNR eqi4v to 

achieve a constrained spectral efficiency of S avg with modulation scheme M\ This 

equivalent system also has no losses. The equivalent SNR may be derived as described 
below. 

[0035] A practical MIMQ-OFDM system with an AWGN channel requires an SNR 

of SNR req or better to support rate R, which is associated with modulation scheme M, 

coding scheme C y and data rate D, The data rate D is given in units of bps/Herfcz/eh, 
which is the same unit used for spectral efficiency. The rate R may be selected as the 
highest rate supported by the system with a required SNR equal to or less than the 
equivalent SNR, as described below. The xequired SNR is dependent on modulation 
scheme M, coding scheme C, and other system losses. The required SNR may be 
determined for each supported rate (e.g., based on computer simulation, empirical 
measurement, or some other means) and stored in a look-up table, 
[0036] A practical M1MO-OFDM system with* a muitipath MIMO channel, (e.g., 

MIMO-OFDM system 100) is deemed to support rate R with modulation scheme M and 
coding scheme C if the required SNR is less than or equal to the equivalent SNR, As 
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the rate increases, the required SNR increases for the practical system while the 
equivalent SNR is approximately constant since it is defined by the channel response 
H(fc) and the noise variance 2V 0 . The maximum rate that may be supported by the 

practical MEMO-OFDM system with the multipart! MSMO channel is thus limited by the, 
channel conditions. Details of the rate selection are described below, 

An ideal system having an unconstrained spectral efficiency can be analyzed and 
used for rate selection for the practical system having a constrained spectral efficiency. 
An unconstrained spectral efficiency for each subband of the multipath M3MO channel 
may be determined based on an unconstrained MHVEO spectral efficiency function, as 
follows: 



S unconst (k) - -™ ■ log 2 [ det (T+ BP) • T(k) • (*))] , for k=l ... N F , Eq (2) 



where det (M) denotes the determinant of M 9 I is the identity matrix, $ UHCCftsi (&) is 
the unconstrained spectral efficiency of H(&), P(&) is a matrix that determines the 

TW 

power used for the transmit antennas, and " A " denotes a conjugate transpose. If the 
channel response H(k) is only known by the receiver, then F(&) is equal to the identity 

matrix (i.e., F(k) 

[©038] For a capacity achieving MJMO-QEDM system, which is a system that can transmit 

and receive data at the capacity of the MJMO channel assuming that a capacity 
achieving code is available for use, the unconstrained spectral efficiency for each 
subband of the MEMO efaaxmel may be determined based on an unconstrained SISO 
spectral efficiency function, as follows: 



5„(fe)-^-^log 2 [l + SNR,<*)], for *=l ... N F> Eq (3) 



where SNR t (k) is the post-detection SNR for subband k of spatial channel £ for the 

capacity achieving system. The post-detection SNR is the SNR achieved for a detected 
symbol stream after the receiver spatial processing to remove interference from the 
other symbol streams. The post-detection SNR. in equation (3) may be obtained, for 
example, by a receiver that uses a successive interference cancellation (SIC) technique 
with a minimum mean square error (MMSE) detector, as described below. Equations 
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(2) and (3) indicate that, for the capacity achieving system, the unconstrained spectral 
efficiency of the MEMO channel is equal to the sum of the unconstrained spectral 
efficiencies of the N T single-input single-output (SISO) channels that, make up the 
MEMO channel. Each SISO channel corresponds to a spatial channel of the MIMO 
channel. 

[0039] If a single data rate is used for data transmission on all N F subbands of all N T 

transmit antennas, then this single data rate may be set to the average unconstrained 
spectral efficiency for the N F subbands of the MIMO channel, as follows: 

Amcnuf ~ TT~ * lL S «m (*) ' ■ * Eq (4) 

Substituting the unconstrained SISO spectral efficiency function in equation (3) into 
equation (4), the single data rate may be expressed as: 



' ! 



i ; 



uncanst 



ZX lo & [l + SNR,(ft)]. Eq (5) 



The data rate D uncottSt is obtained based on the average unconstrained spectral 

efficiency and is suitable for the ideal MEMO-OFDM system, which is not restricted to 
a specific modulation scheme. The practical MXMO-OFDM system uses one or more 
specific modulation schemes for data transmission and has a constrained spectra] 
efficiency that is less than the unconstrained capacity. The data rate D mk . 0lis! derived 

based on equation (5) is an optimistic data rate for the practical MIMO-OFDM system. 
A more accurate data rate may he obtained for the practical MIMO-OFDM system 
based on a constrained capacity function, instead of an unconstrained capacity function, 
as described below. 

1 FIG. 3 shows a process 300 for performing rate selection for a practical 
MIMO-OFDM system with a rnultipath MEMO channel. Process 300 may he 
performed by rate selector 174 or soxne other processing unit at the receiver. Initially, 
an average constrained spectral efficiency S avK for the MEMO channel is determined 

ock3.10). This may be achieved in several ways. 



RNSOGCIO <WO 



200S043855A1 S >■ 



■ WO 2005/043855 PCT/US** 

10 

[0042] If a constrained MIMO spectral efficiency function / WJ7W {H(&) ) M) is 

available, then the constrained spectral efficiency for each subband of the MEMO 
channel may be computed based on this function (block 312), as follows: 

I 

S mA«*(*) = Tf- ' fmima CH(&X M) , tOT ... N F . Eq (6) 

The average constrained spectral efficiency S avg for all subbands of the MIMO channel 
may then be computed (block 3 14), as follows : 



1 -' ! 



The constrained MEMO spectral efficiency function f mimo (H.(k% M) is 

likely to be a complex equation with no closed form solution or may not even be 
available. In this case, the MIMO channel may be decomposed into Nt SISO channels, 
and the average constrained spectral efficiency S avg for the MIMO channel may be 

determined based on the constrained spectra! efficiencies of . the individual SISO 
channels. Since the unconstrained spectra! efficiency of the MDVIO channel is equal to 
the sum of the unconstrained spectral efficiencies of the Nj SISO channels for a 
capacity achieving system, as described above, the constrained spectra! efficiency of the 
MIMO channel can be assumed to be equal to the sum of the constrained spectral 
efficiencies of the Nt SISO channels for the capacity . achieving system. 

To compute £ , 'the post-detection SNR SNR £ (k) for each subband k of each 

spatial channel t may be determined for the capacity achieving system, as described 
below (block 322). The constrained spectral efficiency S e (k) for each subband of each 

spatial channel is then determined based on a constrained SISO spectral efficiency 
function f siso (SNR e {k\ M) (block 324), as follows: 

S £ (k) = f siS0 ($NRi(k\ M) , for k^l ... N F and £==1 ... N T . Eq (8) 

The constrained SISO spectral efficiency function f siso (SNR s (k), M) may be defined as: 



3NSDOCID: <WQ 



2Q05043855A1__L> 



( f 



* ! 

! ! 



2005/043855 PCT/US2004/033680 

11 

f slur (SNR t (k), M) = 



1 2B 



Ye 

2 s 



2 s 



Eq (9) 



where I? is the number of bits for each modulation symbol for 
modulation scheme M; 

a, and a s are signal points in the 2 s -my constellation for modulation 
scheme M: 

7} is a complex Gaussian random variable with zero mean and a variance 
of l/SNR € (fc); and 

E [•] is an expectation operation taken with respect to rj in equation (9). 

Modulation scheme At is associated with a 2 B -ary constellation (e.g., 2 B ~&ry QAM) 
that contains 2 B signal points. Each signal point in the constellation is labeled with a 
different B-hiX value. 

The constrained SISO spectral efficiency function shown in equation (9) does not 
have a closed form solution. This function may be numerically solved for various SNR 
values for each modulation scheme, and the results may be stored in a iook-up table. 
Thereafter, the constrained SISO spectral efficiency function may be evaluated by 
accessing the look-up table with the modulation scheme M and the post-detection SNR 
SNR e (k). 

The average constrained spectral efficiene)' S avg for all subbands of all spatial 
channels may then be computed (block 326), as follows: 



1 



N 7 p N T 



s — yys f (k) . Eg (io) 

F T Jt-i f'-I 

[0047] The average constrained spectral efficiency 5 may be computed for a practical 

MIMO-OFDM system with a multipath MIMO channel in various manners. Two 
exemplary methods are described abo ve. Other methods may also be used. 
[0048] An equivalent system with an AWGN channel would require an SNR of SNR equgX) to 

achieve a consiraixied spectral efficiency of S avg with modulation scheme M, The 
equivalent SNR may be determined based on an inverse constraixied SISO spectral 
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efficiency function f^(S a ^, M) (block 330), The constrained SISO spectral 
efficiency function f siso (x) takes two inputs, SNR e (k) and Af, and maps them to a 
constrained spectral efficiency S,(£) . Here, x represents the set of pertinent variables 
for the function. The inverse constrained SISO spectral efficiency function f~* 0 {x) 
takes two inputs, S and M, and maps them to an SNR value, as follows: 



SNR^ - M) . Eq (11) 



The inverse function f^ 0 (S avs1 M) may be determined once for each supported 

modulation scheme and stored in a look-up table. 
[0049] The highest rate that may be used for data transmission in a practical MIMO-OFDM 

system with an AWGN channel is then determined based on the equivalent SNR for the 
equivalent system (block 332). The practical MIMO-OFDM system may support a set 
of P rates, R = {R{m) f m — l, 2, ... P} where m is a rate index. Only the P rates in set 

R are available for use for data transmission. Each rate R(m) in set R may be 
associated with a specific modulation scheme Af(m), a specific code rate or coding 
scheme C(m) , a specific data rate D(m) , and a specific required SNR SNR (m)\ as 
follows: 

R(m) <-> [Af(m), C(m), D(m), SNR reg (m)} , for m = l ... P. Eq (12) 

For each rate R(m) y the data rate D(m) is determined by the modulation scheme 
M(m) and the code rate C(m) . For example, a rate associated with a modulation 
scheme of QPSK (with two bits per modulation symbol) and a code rate of 1/2 would 
have a data rate of 1.0 information bit per modulation symbol. Expression (12) states 
that data rate D(m) may be transmitted using modulation scheme M(m) and code rate 

C(m) and further requires an SNR of SNR rsq (m) or better to achieve a PER of F e . The 

required SNR accounts for system losses in the practical system and may be' determined 
by computer simulation, empirical measurements, and so oil The set of supported rates 
and their required SKRs may be stored in a look-up table. The equivalent SNR SNR equiv 

may be provided to the look-up table, which then returns the rate R = R(m s ) associated 
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with the highest data rate supported by SNk eejttiv . The selected rate R is such that the 

following conditions are met: (1) modulation scheme M is used for data transmission, or 
M (mj ~ M > (2) the required SNR is less than or equal to the equivalent 8NR> or 

SNR re<l (m s ) < SNR equiv , and (3) the maximum data rate is selected, or D s .= max{D(#?.)} s 

subject to the other conditions. The selected rate R includes a back-off factor that 
accounts for loss due to the selected code rate C(m s ) , which may not be able to achieve 

capacity. This back off occurs in condition (2) above. ; 

The data rate D v is indicative of the -maximum data rate that can be transmitted on 

each subband of each spatial channel for a capacity achieving system. An aggregate 
data rate for all Nt spatial channels may be computed, as follows: 



Sfxal 



D s ■ N T . Eq (13) 



The aggregate data rate is given in units of bps/Hz, which is normalized to frequency. 
The factor of Np is thus not included in equation (13). The aggregate data rate 
represents a prediction of the data rate that can be supported by the practical MIMO- 
QKDM system with the multipath MIM'Q channel for the desired PER of P e . 

[0051] The rate selection technique described above assumes that the practical MEMO- 

OFDM system is capable of achieving capacity with modulation scheme M« Several 
transmission schemes that can achieve capacity are described below. The selected rate 
R may be an accurate rate for such a system and inay be used for data transmission 
without any modification. 

[0052] However, as with any rate prediction scheme, there will inevitably be errors in the 

rate prediction, Moreover, the practical system may not be able to achieve capacity 
and/or may have other losses that are unaccounted for by the selected rate R. In this 
case, to ensure that the desired PER can be achieved, errors in the rate prediction may- 
be estimated and an additional back-off factor may be derived- The rate obtained in 
block 332 may then be reduced by the additional back-off factor to obtain a final rate for 
data transmission via the multipath MIMO channel. Alternatively, the average 

constrained spectra] efficiency S aw may be reduced by the additional back-off factor, 

and the reduced average constrained spectral efficiency may be provided to the look-up 
table to obtain the rate for data transmission. In any case, the additional back-off factor 
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reduces the throughput of the system, Thus, it is desirable to keep this back-off factor 
as small as possible while still achieving the desired PER. An accurate rate prediction 
scheme, such as the one described herein, may minimize the amount of additional back 
off to apply and hence maximize system capacity; 

[1)053] The rate selection described above may be performed continually for each time 

interval, which may be of any duration (e.g., one OFDM symbol period). It is desirable 
to use the selected rate for data transmission as soon as possible to minimize the amount 
of time between the selection of the rate and the use of the rate. 

[0054] FIG. 4 A illustrates the constrained spectral efficiencies for the Nt spatial channels 

in the MIMO-OEDM system with the mtiltipath MIMG channel. For each spatial 
channel, a plot 410 of the constrained spectral efficiencies for the Np-subbands may be 
derived based on the post-detection SNRs, the modulation scheme M, and the 
constrained SISO spectral efficiency function f sisa (SNR t (k), M ) , as shown in equations 

(8) and (9). Plots 410a through 4i0t for the N T spatial channels may be different 
because of different fading for these spatial channels, as shown in FIG. 4A. 

[0055] - FIG. 4B illustrates the constrained spectral efficiency of the equi valent system with 
. the AWGN channel. A plot 420 is formed by concatenation of plots 410a through 410t 
for the Nt spatial channels in FIG, 4A. A plot 422 shows the constrained spectral 
efficiency for the equivalent system, which is the average of the constrained spectral 
efficiencies for plots 410a through 41Qt 

[0056] The rate selection described above includes a back-off factor for code loss but 

otherwise assumes that the MEMO-OFDM system can achieve capacity. Two 
exemplary transmission schemes capable of achieving capacity are described below?. 

[0057] In a first transmission scheme, the transmitter transmits data on "eigenmodes" of the 

M5MQ channel. The eigenmodes may be viewed as orthogonal spatial channels 
. obtained by decomposing the MIMO channel. The channel response matrix H(&) for 
each subbahd may be decomposed using eigenvalue decompositions as follows: 

R(&) === H* (£)-H(fc) = E(Jfc) • A(ife) E H (k) , for £=1 ... N F> Eq (14) 

where R(&) is an N T xN T correlation matrix of M(&) ; 

E(fe) is an N T xN T unitary matrix whose columns are eigenvectors of R(&) ; and 
A(k) is an N T xN T diagonal matrix of eigenvalues of R(A*0 . 
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A unitary matrix U is characterized by the property XJ H -U — I , The columns of a 

unitary matrix are orthogonal to one another. 
[0058] The transmitter performs spatial processing as follows: 

x(k) = E(/c) *s(fc) „ for fc = l ... N F? Eq(i5) 

where s(k) is an N T xl vector with Nt data symbols to be sent on the N't 
eigenmodes of subband k\ and 
x(k) is an N T xl vector with Nt transmit symbols to be transmitted from the Nt 
transmit antennas on subband L 

The received symbols at the receiver may be expressed as: 

r em (k) — H(&)'X(£) + s!(fc) > forfc = l .,. N F , } Eq(16) 

where r sm (k) is an N R xl vector with N R received symbols obtained 
via the Nr receive antennas on subband k; and 
n is an N R xi vector of noise and interference for subband L 

The noise vector n(k) is assumed to have zero mean and a covariance matrix of 
An UO = N 0 - I, where iV 0 is the noise variance, 
60] The receiver performs receiver spatial processing/detection as follows: 

§«,, (*) = A~\k) - E* (k) H H (fc) • (*) = s(fe) + n, m (k) , ... N F , Eq (17) 

where § gm (&) is an N T xl vector with Nt detected symbols for subband fc, which are 
estimates of the Nt data symbols in s(k) ; and 

E £? * (k) - _A~ 3 (it) • E H (k) • H* (£) - n(*) is the post-detection interference and noise after 
the spatial processing at the receiver. 

Each eigenrnode is an effecti ve channel between an element of the data symbol vector &{k) and a 
corresponding element of the detected symbol vector s em (k) . 

The SNR for each subband of each eigenrnode may be expressed as: 

SNR em j (k) ^ Affi'ds TO 5 for Jk = 1 ... N ? and ^ = 1 ... N T , Eq(18) 
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where P f (k) is the transmit power used for eigenmode £ of suhband k; 
AJk) is the eigenvalue for eigenmode £ of subband fc, which is the £~th diagonal 

element of A(k) ; and 
SNR cmA (k) is Hie post-detection SNR for eigenmode £ of subband k. 

[0062] In a second transmission scheme, the transmitter encodes and modulates data 

to obtain date symbols, demultiplexes the data symbols into N T data symbol streams, 
and transmits the Nt data symbol streams simultaneously from the N T .transmit 
antennas. The received symbols at the receiver may he expressed as: 

LbhW^HW'SW + sC*) > for fe = 1 ... N F . Eq(19) 

The receiver perfomis receiver spatial processing/detection on the Nr 
received symbols for each subband to recover the Nt data symbols transmitted on that 
subband. The receiver spatial processing may be performed with a minimum mean 
square error (MMSE) detector, a maximal ratio combining (MRC) detector, a linear 
zero-forcing (ZF) detector, an MMSE linear equalizer (MMSE-LE), a decision feedback 
equalizer (DFE), or some other detector/equalizer. 

The receiver may also process the Nr received symbol streams using a 
successive interference cancellation (SIC) technique to recover the N T data symbol 
streams. The SIC technique may be used when the transmitter independently processes 
the Nt data symbol streams so that the receiver can individually recover each data 
symbol stream. The receiver recovers the Nt data symbol streams in Nr successive 
stages 5 one data symbol stream in each stage, 

For the first stage, the receiver initially performs receiver spatial processing/ 
detection on the Nr received symbol streams (e.g., using an MMSE, MRC, or zero- 
forcing detector) and obtains one detected symbol stream. The receiver further 
demodulates, deinterleaves, and decodes the detected symbol stream to obtain a 

* * of 

decoded data stream. The receiver then estimates the interference this decoded data 
stream causes to the other N T - 1 data symbol streams not yet recovered, cancels the 

estimated interference from the Nr received symbol streams, and obtains Nr modified 
symbol streams for the next stage. The receiver then repeats the same processing on the 
modified symbol streams to recover another data symbol stream. For simplicity, the 
following description assumes that the Nt data symbol streams are recovered in 
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sequential order, i.e., data symbol stream sent from transmit antenna £ is 

recovered in the £-ih stage 9 for £ = 1 ... N T . 

[0066] For a SIC with MMSE receiver, an MMSE detector is derived for each 
subband of stage £ , for £ - 1 ... N T , as follows: 



= (H«(*)-H? <*) + #<> 'IT 1 -IL(*) . fbr*=l ... N F , . Eq (20) 



where W fflwW <,(£) is an N R x(N T - £ + 1) matrix for the MMSE detector 
for subband k m stage £ ; and 

H £ (fe) is an N R x(N T — ■£ + !) reduced channel response matrix for 
subband k in stage -2 . . 

The reduced channel response matrix H f (&) is obtained by removing £ — 1 columns in 
the original matrix H(fe) corresponding to the ^ — 1 data symbol streams already 

recovered in the 1 prior stages. 

The receiver performs detection for each subband in stage £ , as follows: 

W(*) - = ^^) + wL^W'!l/^) . Eq (21) 

where w ?JSK5e g(&) is a column of W mmse ^(k) corresponding to transmit antenna £ ; 
s mnseJ (k) is the MMSE detected symbol for subband k in stage £ ; and 

2Smmw.* W "2* (*) * s * s post-detection noise for the detected symbol S mnwe f (Jfc) . 
[0068] The SNR for each subband of each transmit antenna may be expressed as: 



^o'i|w n «« e ,e(*) SI 



&NR mm c (k) — — - - — ^ - 2 , Eq (22 



where iV fl - j| w^^l) || 2 is the variance of the post-detection noise; and 

SMR Wttse A k ) is the post-detection SNR for subband fc of transxnit antenna £ . 

The post-detection SNRs for later stages improve because the norm of yi mms ^(k) in { 
equation (22) decreases With each stage. 
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[0069] T3ie SIC technique is described in further detail in commonly assigned U.S. 

Patent Application Serial No. 09/993,087, entitled "Multiple-Access Multiples-Input 
Multiple-Output (MEMO) Comimmication System/' filed November 6, 2001. 

[0076] For the second transmission scheme, the receiver can also recover the Nt 

data symbol streams using an iterati ve detection and decoding (IDD) scheme. For the 
XDD scheme, whenever a block of received symbols for a data packet is obtained, the 
receiver iterative! y performs detection and decoding multiple (N de c) times on the 
received symbols in the block to obtain a decoded packet. A detector performs 
detection on the received symbol block and provides a detected symbol block. A 
decoder performs decoding on the detected symbol block and provides decoder a prion 
information, which is used by the detector in a subsequent iteration. The decoded 
packet is generated based on decoder output for the last iteration. 

[0071] It can be shown that the first transmission scheme and the second 

transmission scheme with either the SIC with MMSE receiver or the IDD receiver are 
optimal and can achieve capacity or near capacity for the MIMO-OFDM system. The 
second transmission scheme with a maximum likelihood detector for the received 
symbols can also provide optimal or near optimal performance. Other capacity 
achieving transmission schemes may also be used for the MEMO-OFDM system. One 
such capacity achieving transmission scheme is an autocoding scheme described by 
TJL Marzetta et aL in a paper entitled "Structured Unitary Space-Time Autocoding 
Constellations " IEEE Transaction on Information Theory, Vol. 48, No. 4, April 2002, 

[0072] FIG. 5 shows a block diagram of transmitter 1 10. Within TX data processor 

12(3, an encoder 520 receives and encodes a data stream {d} in accordance with coding 

scheme C for the selected rate R and provides code bits. The encoding increases the 
reliability of the data transmission. The coding scheme may include a convolutional 
code, a Turbo code, a block code, a CRC code, or a combination thereof. A channel 
interleaver 522 interleaves (i.e., reorders) the code bits from encoder 520 based on an 
interleaving scheme. The interleaving provides time and/or frequency diversity for the 
code bits. A symbol mapping unit 524 modulates (i.e, 2 symbol maps) the interleaved 
data from channel interleaver 522 in accordance with modulation scheme M for the 
selected rate R and provides data symbols. The modulation may be achieved by (1) 
grouping sets of B interleaved bits to form S-bit binary values, where B > 1 , and (2) 
mapping each j?-bit binary value to a specific signal point in a signal constellation for 
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i 

the modulation scheme. Symbol xnapping unit 524 provides a stream of data symbols 

[0073] Transmitter 1 10 encodes and modulates each data packet separately based on 

the rate R selected for the packet to obtain a corresponding data symbol block. 
Transmitter 1 10 may transmit one data symbol block at a time on all subbands of all 
spatial channels available for data transmission. Each data symbol block may be 
transmitted in one or multiple OFDM symbol periods. Transmitter 110 may also 
transmit multiple data symbol blocks simultaneously on the available subbands and 
spatial channels. If one rate is selected for each time interval, as described above, then 
all data symbol block(s) transmitted in the same time interval use the same selected rate. 

[9074] For the embodiment shown in FIG, 5, TX spatial processor 130 implements 

the second transmission scheme described above. Within TX spatial processor 130, a 
multiplexer/demultiplexer (Mux/Demox) 530 receives and demultiplexes the data 
symbol stream {$} into Nt streams for the N T transmit antennas. Mux/demux 530 also 
; multiplexes in pilot symbols (e.g., in a time division multiplex (TDM) manner) and 

provides Nt transmit symbol streams, {x x } through {x Nr } 3 for the Nt transmit antennas. 

Each transmit symbol may be a data symbol, a pilot symbol, or a signal value of zero 
for a subband not used for data or pilot transmission. 

1 

[0075] Transmitter unit 132 includes JNt OFDM modulators 532a through 532t and 

',; Nt TX RF units 534a through 534t for the N T transmit , antennas. Each OFDM 

I : modulator 532 performs OFDM modulation on a respective transmit symbol stream by 

(1) grouping and transforming each set of Np transmit symbols for the 1% subbands to 
the time domain using an Hp-point IFFT to obtain a corresponding transformed symbol 
that contains Np chips and (2) repeating a portion (or N cp chips) of each transformed 
symbol to obtain a corresponding OFDM symbol that contains N F + N cp chips. The 

repeated portion is referred to as a cyclic prefix, which ensures that the OFDM symbol 
retains its orthogonal properties in the presence of delay spread in a multipath channel. 
Each OFDM modulator 532 provides a stream of OFDM symbols, which is further 
conditioned (e.g., converted to analog, frequency upconverted, filtered, and amplified) 
by an associated TX RF unit 534 to generate a modulated signal. The Nt modulated 
signals from TX RF units 534a through 534t are transmitted from Nt antennas 540a 
through 540t, respectively. 
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[0076] FIG. 6 shows a block diagram of receiver 150, Nr receive antennas 652a 

through 65 2r receive the modulated signals transmitted by transmitter 110 and provide 
Nr received signals to receiver unit 154. Receiver unit 154 includes Nr RX RF units 
654a through 654r and N R OFDM demodulators 656a through 656r for the N R receive 
antennas* Each RX RF unit 654 conditions and digitizes a respective received signal 
and provides a stream of samples. Each OFDM demodulator 656 performs OFDM 
demodulation on a respective sample stream by (1) removing the cyclic prefix in each 
received OFDM symbol to obtain a received transformed symbol and (2) transforming 
each received transformed symbol to the frequency domain with an Np-point FFT to 
obtain N F received symbols for the Np suhbands. Each OFDM demodulator 656 
provides received data symbols to RX spatial processor 160 and received pilot symbols 
to channel estimator 172. 

[0077] FIG, 6 also shows an RX spatial processor 160a and an RX data processor 

170a 5 which are one embodiment of RX spatial processor 160 and RX data processor 
170, respectively, at receiver 150, Within RX spatial processor 160a, a detector 660 
performs spatial processing/detection on the N R received symbol streams to obtain N T 
detected symbol streams. Each detected symbol is an estimate of a data symbol 
transmitted by the transmitter. Detector 660 may implement an MMSE, MRC, or zero- 
forcing detector. The detection is performed for each suhband based on a matched filter 

matrix (or detector response) W(fe) for that subband, which is derived based on an 
estimate of the channel response matrix H(&) for the subband. For example, the 
matched filter matrix for the MMSE detector may be derived as: 
W fnmse (k) ~ (H(&) - (k) + N Q • I)" 1 • H(£) . A multiplexer 662 multiplexes the 
detected symbols and provides a detected symbol stream {$} to RX data processor 
170a. 

[0078] Within RX data processor 170a 3 a symbol desmapping unit 670 demodulates 

the detected symbols in accordance with the modulation scheme M for the selected rate 
R and provides demodulated data. A channel deinterieaver 672 deinterleaves the 
demodulated data in a manner complementary to the interleaving performed at the 
transmitter and provides deinterleaved data. A decoder 674 decodes the deinterleaved 
data in a manner complementary to the encoding performed at the transmitter and 

provides a decoded data steam {3} - For example, decoder 674 may implement a 
Turbo decoder or a Viterbi decoder if Turbo or convolution^ coding, respectively, is 
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performed at the transmitter. Decoder 674 also provides the status of each decoded 
packet, which indicates whether the packet is decoded correctly or in error. 
[0O79] FIG* 7 shows an RX spatial processor 160b and an RX data processor 170b, 

which implement the IDD scheme and are another embodiment of RX spatial processor 
160 and RX data processor 170, respectively, at receiver 150. A detector 760 and a 
decoder 780 perform iterative detection and decoding on the received symbols for each 
data packet to obtain a decoded packet. The IDD scheme exploits the error correction 
capabilities of the channel code to provide improved performance. This is achieved by 
iteratively passing a priori information between detector 760 and decoder 780 for Ndec 
. ; . iterations, where N der > 1 . The a priori information indicates the likelihood of each 

transmitted data bit being zero or one. 

'4 ' 

[0080] Within RX spatial processor 1 60b, a buffer 758 receives and stores Nr 

; : received symbol sequences from the N R receive antennas for each data packet The 

': iterative detection and decoding process is performed on each block of received 

symbols for a data packet Detector 760 performs spatial processing on the received 
;* symbol sequences for each block and provides N-p detected symbol sequences for the 

block. Detector 760 may implement an MMSE, MRC, or zero-forcing detector. A 
; multiplexer 762 multiplexes the detected symbols in the Nt sequences and provides a 

detected symbol block. 

. [0081] Within RX data processor 170b, a log-likelihood ratio (LLR) computation 

unit 770 receives the detected symbols from RX spatial processor 160b and computes 
. the LLRs for the B code bits of each detected symbol. These LLRs represent a priori 

information provided by detector 760 to decoder 780. A channel deinterleaver 772 
deinterleaves each block of LLRs from LLR computation unit 770 and provides 

de-interleaved LLRs {x*} for the block. Decoder 780 decodes the deinterieaved LLRs 

and provides decoder LLRs {x n+l } , which represent a priori information provided by 

decoder 780 to detector 760. The decoder LLRs are interleaved by a channel interleaver 
782 and provided to detector 760, 
; [0082] The detection and decoding process is then repeated for another iteration. 

Detector 760 derives new detected, symbols based on the received symbols and the 
decoder LLRs. She new detected symbols are again decoded by decoder 780. The 
detection and decoding process is iterated N t i ec times- During the iterative detection and 
decoding process, the reliability of the detected symbols improves with each 
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detection/decoding iteration. After all N de c detection/decoding iterations have been 
completed, decoder 780 computes the final data bit LLRs and slices these LLRs to 
obtain the decoded packet 

[0083] The IDE) scheme is described in further detail in commonly assigned U.S. 

Patent Application Serial No. 60/506,466, entitled ".Hierarchical Coding With Multiple 
Antennas in a Wireless Communication System/ 7 filed September 25, 2003. 

[0084] The rate selection and data transmission techniques described herein may be 

implemented by various means. For example, these techniques may be implemented in 
hardware, software, or a combination thereof, For a hardware implementation, the 
processing units used to perform rate selection and data transmission may be 
implemented within one or more application specific integrated circuits (ASICs), digital 
signal processors (DSPs), digital signal processing devices (DSPDs), programmable 
logic devices (PLDs), field programmable gate arrays (EPGAs), processors, controllers, . 
micro-controllers, microprocessors, other electronic units designed to perform the 
functions described herein, or a combination thereof, 

[0085] For a software implementation, the rate selection and data transmission 

techniques may be implemented with modules (e.g., procedures, functions, and so on) . 
that perform the functions described herein. The software codes may be stored in a 
memory unit (e.g., memory unit 182 or 142 in FIG. I) and executed by a processor (e.g., 
controller 180 or 140), The memory unit may be implemented within the processor or 
externa! to the processor, in which ease it can he communicatively coupled to the 

t 

processor via various means as is known in the art. 
[0086] , The previous description of the disclosed embodiments is provided to enable 

any person skilled in the art to make or use the present invention, Various 
modifications to these embodiments will he readily apparent to those skilled in the ait, 
and the generic principles defined herein may foe applied to other embodiments without 
departing from the spirit or scope of the invention- Thus, the present invention is not 
intended to he limited to the embodiments shown herein but is to be accorded the widest 
scope consistent with the principles and novel features disclosed herein. 

[90S?] WHAT IS CLAIMED IS: 
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CLAIMS ; 

i 

1. A method of selecting a rate for data transmission in a multi-carrier 
multiple -input multiple -output (MEMO) communication system, comprising: 

determining an average constrained spectral efficiency for a plurality of 
suhhands of a plurality of spatial channels used for data transmission, the plurality of 
spatial channels being formed by a MEMO channel in the system; 

determining an equivalent signai~to~noise-and4nterference ratio (SNR) needed 
by an equivalent system with an additive white Gaussian noise. (AWGN) channel to 
support the average constrained spectral efficiency; and 

selecting the rate for data transmission in the multi-carrier MIMO system based 
on the equivalent SNR, 

2. The method of claim 1, wherein the average constrained spectral 
efficiency, the equivalent SNR, and the rate are all determined based on a specific 
modulation scheme. 

3. The method of claim 1, wherein the plurality of subbands are obtained 
with orthogonal frequency division multiplexing (OFDM). 

4. The method of claim 1, wherein the plurality of spatial channels 
correspond to a plurality of single -input single-output (SISO) channels that make up the 
MIMO channel. 

5. The method of claim i, further comprising: 

determining a post-detection SNR for each subband of each spatial channel used 
for data transmission; and 

determining a constrained spectral efficiency for each subband of each spatial 
channel based on the post-detection SNR for the subband of the spatial channel, and 

wherein the average constrained spectral efficiency is determined based on 
constrained spectral efficiencies for the plurality of subbands of the plurality of spatial 
channels. 
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6. The method of claim 5, wherein the post-detection SNR for each 
subband of each spatial channel is determined based on a transmission scheme capable 
of achieving capacity of the MJVIO channel. 

7. The method of claim 5, wherein the post-detection SNR for each 
subband of each spatial channel is determined based on successive interference 
cancellation (SIC) processing with a minimum mean square error (MM8E) detector at a 
receiver, 

8. The method of claim 5, wherein the constrained spectral efficiency for 
each subband of each spatial channel is further determined based on a constrained 
spectral efficiency function having an SNR and a modulation scheme as inputs and 
providing a constrained spectral efficiency as output 

9. The method of claim 1, further comprising: 

determining a constrained spectral efficiency for each subband of the MIMO 
channel based on a constrained spectral efficiency function having a MfMO channel 
response and a modulation scheme as inputs and providing a constrained spectral 
efficiency as output, and 

wherein the average constrained spectral efficiency for the plurality of subbands 
of the plurality of spatial channels used for data transmission Is determined based on 
constrained spectral* efficiencies for the plurality of subbands of the MJMQ channel. 

10. The method of claim 1 ? wherein the equivalent SNR is determined based 
on an inverse constrained spectral efficiency function having a spectral efficiency and a 
modulation scheme as inputs and providing an SNR. as output. 

11. The method of claim 1, wherein the rate for data transmission is selected 
based on a set of rates supported by the multi-carrier MTMO system and required SNRs 
for die supported rates. 

12. The method of claim 11, wherein the selected rate is a highest rate 
among the supported rates having a required SNR less than or equal to the equivalent 
SNR. 
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13. The method of claim 11, wherein the required SNRs for the supported 
rates include losses observed by the multi-carrier MIMO system. 

14. The method of claim 1, further comprising; 

detemiinmg a back-off factor to account for error in rate prediction and system 
losses; and 

reducing the rate for data transmission based on the back-off factor, 

15. The method of claim 1, further comprising: 

receiving a data transmission at the selected rate, wherein fee received data 
transmission includes at least one block of data symbols for at least one data packet, and 
wherein the data symbols in each block are transmitted simultaneously on the plurality 
of subbands of the plurality of spatial channels used for data transmission, 

16. The method of claim 1, further comprising: 
receiving a data transmission at the selected rate; and 

performing iterative detection and decoding (1DD) to recover data in the 
received data transmission, 

17. An apparatus in a multi-carrier multiple-input multiple-output (MIMO) 
communication system, comprising: 

a channel estimator operative to obtain channel estimates for a MIMO channel in 
the system; and 
' . a controller operative to 

determine an average constrained spectra] efficiency for a plurality of 
subbands of. a plurality of spatial channels used for data transmission based on the 
channel estimates, wherein the plurality of spatial channels are formed by the MIMO 
channel, 

determine an equivalent signal~to-noise~and-interference ratio (SNR) 
needed by an equivalent system with an additive white Gaussian noise (AWGN) 
channel to support the average constrained spectral efficiency, and 

select a rate for data transmission in the multi-carrier MIMQ system 
based on the equivalent SNR. 
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18. The apparatus of claim 17, wherein the controller is further operative to 
determine a post-detection SNR for each subband of each spatial channel 

used for data transmission based on the channel estimates, and 

determine a constrained spectral efficiency for each subband of each 
spatial channel based on the post-detection SNR for the subband of the spatial channel, 
and wherein the average constrained spectral efficiency is determined based on 
constrained spectral efficiencies for the plurality of subbands of the plurality of spatial 
channels. 

19. The apparatus of claim 18, wherein the post- detection SNR for each 
subband of each spatial channel is further determined based on a transmission scheme 
capable of achieving capacity of the MEMO channel. 

20.. The apparatus of claim 17, wherein a set of rates is supported by the 
multi-carrier M3MO system and each supported rate is associated with a respective 
required SNR, and wherein the controller is further operative to select a highest rate 
anrcng fa, support rates having a required SNR le SS than or equal ,o the equivalent 
SNR. 

21c The apparatus of claim 17, wherein the controller is further operative to 
determine a back-off factor to account for error in rate prediction and system losses and 
to reduce the rate for data transmission based on the back-off factor. 

22. The apparatus of claim 17, further comprising: 

a receive spatial processor operative to perform, detection on received symbols 
for a data transmission at the selected rate and provide detected symbols; and 

a receive data processor operative to process the detected symbols to obtain 
decoded data. 

23. The apparatus of claim 22 5 wherein the receive spatial processor and the 
receive data processor are operative to perform iterative detection and decoding (HDD) 
to obtain the decoded data from the received symbols. 
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24. An apparatus in a multi-carrier multiple-input multiple-output (MTMO) 
coimwnication system, comprising: 

means for determining an average constrained spectral efficiency for a plurality 
of subbands of a plurality of spatial channels used for data transmission, the plurality of 
spatial channels being Wed by a MTMO channel in the system; 

means for determining an equivalent signal-to-noise-and-interference ratio 
(SNR) needed by an equivalent system with an additive white Gaussian noise (AWGN) 
channel to support the average constrained spectral efficiency; and 

means for selecting a rate for data transmission in the muiti-canier MIMO 
system based on the equivalent SNR. 

25. The apparatus of claim 24, further comprising: 

means for determining a post- detection SNR for each subband of each spatial 
channel used for data transmission; and 

means for determining a constrained spectral efficiency for each subband of each 
spatial channel based on the post- detection SNR for the subband of the spatial channel, 
and wherein the average constrained spectral efficiency is determined based on 
constrained spectral efficiencies for the plurality of subbands of the plurality of spatial 
channels. 

26. The apparatus of claim 24, further comprising: 

means for determining a hack-off factor to account for error in rate prediction 
and system losses; and 

means for reducing the rate for data transmission based on the back-off factor, 

27. The apparatus of claim 24, further comprising: 

means for receiving a data transmission at the selected rate; and 
means for performing iterative, detection and decoding (IBD) to recover data in 
the received data transmission. 

28. A processor readable media for storing instructions operable in an 
apparatus to: ' , 

determine an average constrained spectral efficiency for a plurality of subbands 
of a plurality of spatial channels used for data transmission in a multi-carrier multiple- 
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input multiple-output (MEMO) communication system, the plurality of spatial channels 
being formed by a MEMO channel in the system; 

determine an equivalent signal -to-noise-and-interfeience ratio (SNR) needed by 
an equivalent system with an additive white Gaussian noise (AWGN) channel to 
support the average constrained spectral efficiency; and 

select a rate for data transmission in the multi-carrier MEMO system based on 
the equivalent SNR. 

29, The processor readable media of claim 28 and further for storing 
instructions operable to 

determine a post-detection SNR for each subbarid of each spatial channel used 
for data transmission; and 

determine a constrained spectral efficiency for each subband of each spatial 
channel based on the post-detection SNR for the subband of the spatial channel, and 
wherein the average constrained spectral efficiency is determined based on constrained 
spectral efficiencies for the plurality of subbands of the plurality of spatial channels. 



200SC":3B5SA1J_t» 



WO 2005/043855 



FCT/US2004/G33680 




w 

<U>| 
> 

ti urn 

0*1 



wmmymimimiii 



J) 


! 


15 


O i 




E | 


c: 




Q 




O 






Ct5 



I /WW" 



IX CO 



X5 

Q m <s> 



AAA. 

CS O 

x 8 







m 


0 






c: 




c 


6 






UJ 



eg q 

V JIM ^V»* 



60 





CM 



*3> 



4w 



Sim 
I Jl) 


fe- 


"5 


es 




£ 1 


1 £^ 




O 


O 






o 



c: 

o _ 
£™ 

H o o 
o ^ 




C5 ® 

co <ts c: 
O 



<D o E 
Q> E P 



CO CO 




2 >> S 



S co 



II AAA <VWWW 

6— 00 



O E 

^ ^ £ 

CO CO 




3N3DOCID; <WO. 



2005043855A1_I_> 



WO 2005/043855 



PCT/US2004/033680 




a: 



CO 




a, 



05 



CO 




a: 



a 

CO 

c: 
O 



a> a> 



O 

O 

o 



3i n 



a 

O 

Lai 

E3 



P 



at 



'10 
C 



ID 
O 



o 

CD 

o 



"as 
a 



o a. ^ 



u » 



BNSOOCiO: --WC 



S005U43B55A1„I_> 



WO 2005/043855 



PCT/US2004/033680 



Start 




300 



310 



r 3f2 



Determine constrained spectral 

efficiency, S mimo (k), for each 
subband of the MIMO channel 
based on a constrained MIMO 
spectral efficiency function 

f mimo ($i(k)' °^ channel response 
H{k) and modulation scheme M 



1 


r j°322 


Determine post 


-detects 


on SNR, 


SNR f (k) s for each su 


bband 


of each spatial cha 


nnel 


- — 


- 


r 324 



314 



average 
spectral efficiency, S , for all 
subbands of the MIMO channel 
based on S m ^ mo {k) for the individual 
subbands of the MIMO channei 



Determine constrained spectral 
efficiency, S £ (k) t for each subband 
of each spatial channel based on 

a constrained SISO spectral 
efficiency function f s ; so {SNRt{k), M) 
of post-detection SNR and 

scheme M 



HWWVMnN 



IMMMMMMMIMMW 



Compute average constrained 
spectral efficiency, S avg , for all 
subbands of all spatial channels 
based on S £ (k) for the individual 
subbands of the spatial channels 




Determine equivalent SNR 
needed by an equivalent system 
with an AWGN channel to achieve a 
constrained spectral efficiency of S svo 
based on an inverse constrained SISO 
spectral efficiency function ^(S SVC7! M) 

r 



Determine highest rate R 
supported by a practice! system with 

an AWGN channei for an SNR of 
SNR equiv using modulation scheme M 




End 




BM SDOCiD: <WO. .200KM3B66A 1 J_> 



WO 2005/043855 



PCT/US2004/033680 



o 

IS © 

c "3 

LiJ 



O 

O ^ 
CO 




Spatlai Channel. 1 

Constrained, 
spectral efficiency 
for spatiai 
channel 




Frequency 



Soatial Channel 2 




Frequency 

FIG. 4A 



20G5043S55A1 ! > 



WO 2005/043855 



PCT/US2004/033680 




Aouaptyg [ejpadg 



p©UiB4SUOO 



BNSDOC ! D: < WO t ;_(_ > 



WO 2005/043835 



PC17US2004/033680 



T3 

o CO ! 



^ £ 

H €0 co 



■ o £ 
<o £ 2 

******* 

CO CO 




*0 



CSS 



5 ° 



_ 


0) i 


CD 


> 




CQ i 














6 





Jl5 Ct5 
CD 




2005043S55A1 I > 



WO 2005/043855 



PCT/US2004/033680 



a> ~ E 

O (Q 0 



o> o „. 
o> E ® 



uj CO 



T3 

« CO 




BNSDOCID: <WO_ 200504385£A1...L> 



WO 2005/043855 



PCT/US2004/033680 




-a 

CD m 
O « « 




§ ° 

id^l f~ £D " v "^*'5p v 



*~ o 



005C43S55A1 ! > 



^TEBf^ATIOrML SEARCH REPORT 




interns 



PCI, 




a3 Application No 



A. CLASSrRCATfON OF S',JBjeCr MAV?£« . 

IPC 7 . HG4L27/26 H04L1/Q6 



According to inferriaitonaS Patent Classification (SPG) or <© bolh national ciasfi&cation and 5PC 



S= FIELDS SEARCHED 



MiriimsjiT! tiocijmsrriaiiGn searched (clasi-Sfication system followed s>y classification symbols) 

IPC 7 HC4L 



EtocurrxsaJaison searched otoer Shar* rrdreinnurn documentation to the extent thai such documems are incfcidees l« jrte fekia searched 



Etectrmicdata-basa consulted during the talernaitonaS search (rsama of dala bas^end, wftere practical, search terms used) 

EPG-Internal, WPI Data 



C. DOCUH V8EMTS CONSIDERED TO BE! RELEVANT 
Category * 



Citation of document, with indication, wftsre appropriate, of trie refevani passages 



Ftebvsni to cSaim No 





WO 03/047198 A (QUALCOMM INCORPORATED 
5 June 2003 (2003-06-05) 
abstract 

page 3, paragraph 1018 

page 7, paragraph 103S - paragraph 1038 

page 8, paragraph 1041 - page 12, 

paragraph 1058 

page 15 s paragraph 1073 

-/-- 



2-29 




Rirtfterdocyroents are listed in the ccriitauation of box C, 



Patent temSy mergers are listed !n annex. 



Special categories of cttsd documents : 

°A° dacumant cfeJiniP-Q trie gerears) state of me art whsch is not 
considered to bs of particular r&ievance 

"Ei" esrEer iccurriertt but published on or after tha Irternalionsl 

"L* docujn&nl wnleh may throw doubts on priertty claim (s) ar 
which is ctteci to establish the publication date <rf another 
citation or otter so eeia! reason (as specified) 

"O" document referring to an oral disclosure, use, exhibition or 
cincr means 

*P* document published prior to the Interna! lorsai tiling dste but 
safer than ifto priority date claiJnad 



Date of too actual compteSk>n of the IrstsrnaSional seardrt 




4 February 2005 



T 9 laler document pui>Jishsd after the taternattons! filing data 
or priority dale and nc\ in conflict with the application but 
. cited to understand She principle or thsoty underlying She 
invention 

*X* document of ufirtactiiai *£leuaLnc»; the claimed litverjlion 
esrmar foe considered novel or camsoi ue considered io 
involve an inventus step when ins doctfrstarrt is taken atone 

"V" document of particular relevance; She clashed iift&mtort 

cannot »e considered to fnvoivs art UnveoUvs step whan the 
document is corrt&inerj wSifc on© or mors «iSier such docu- 
ments, audi combination be&g obvious to a parson skilled 
in uts art, 

document raernfcer toe samo patent family 

«Wwwwwwwwwwwfc— — — — — w— — — ww M ^w wwwwwWffc wwwww ^fc —wwwwwww^tejfwwwwww^^pww ww ^VHmUfMP' 

I Date ot irjajiw^g ottSie kitem&tlonal searor: rspart 



17/02/2305 



Name and rnaii'mg address of ?he JSA 

European f 3 atenr Office, P.B- SB'iS PaSeiitiaan 7. 
NL - S280 HV HijSWijK 
Tel. (+31-70) 340-a>i0, Tx. 51 651 epo nl, 
Fax (+31-70) 340 3016 



Authorized orfSser 



Falacian Lisa 



page 1 of 2 



20DS0436&5A1 I > 



f MTEBN ATI O HAL SEARCH REPORT 



C.(C<mt!nuaf&n) DOCUMENTS CONSIDERED TO BE 




JHUQuiXIDHHifcii y iUMO *" 



A 



A 



Crtafcn of rfccujtteni. mh indication, whsna appropriate, of irie rate van? passages 



KA-WAI'NG ET AL: "A simplified bit 
allocation for V- BLAST based OFDM mm 
systems in frequency selective fading 
channel s" 

ICC 2002. 2002 IEEE INTERNATIONAL 
CONFERENCE OH COMMUNICATIONS. CONFERENCE 
PROCEEDINGS. NEW YORK, *SY 7 APRIL 28 - MAY 
2 S 2002, IEEE INTERNATIONAL CONFERENCE CM 
COMMUNICATIONS, NEW YORK, NY : IEEE. US, 
vol. VOL. 1 OF 5, 

28 April 2002 (2002-04-28), pages 411-415 , 

XP01G589527 

ISBN: 0-7803-7400-2 

abstract 

II. System overview 

IV". Proposed allocation algorithm 

UQ 03/075479 A (GUAICGMM INCORPORATED) 

12 September 2003 (2003-09-12) 

page 1, paragraph 1001 

page 2, paragraph 1007 - page 3 3 paragraph 



page 6 ? paragraph 1024 - page 7 S paragraph 
1031 

page 12, live 1044 - page 14/ line 1052 

page IB, paragraph 1056 - page 16 „ 

paragraph 1059 

page 19, paragraph 1069 

page 21, paragraph 1081 page 22 5 

paragraph 1082 



US 6 141 317 A (MARCH0K DANIEL J *US? ET 
AL) 31 October 2000 (2000-10-31) 
column 2, line 5 - line 27 
column 21, line 45 ~ column 23, line 30 



F«mi PGTflSAiSiG (oonijr. [ration nt second Rheei) [^ianuary KJQ4) 



" Befevant io e&fcn No. 



1-29 



1-29 



L 



page 2 of 2 



2C0504385SA! i > 




rmatfan or patens f amfiy snsmiaej s 



patent document 
cited fn search report 




Patent tanrjly 
members) 



Publication 
date 



UO 03047198 



WO 03075479 



A 



12-09-2003 



! 

I t 



US 6141317 



A 



31-10-2000 



US 


2003095506 


Al 




-05- 


-2003 


us 


2003095508 


Al 




-05- 


•2003 


-fill 




al 


1 a 
10- 




n 'nil's 

-2uw3 


AM 

AU 


£ { J 0£OObJtSl 


Al 


i a 

lu- 


•Co* 


oaa n 

-2003 


ETE? 


i. s \o^ i \ bo 


A<c 


a o 


a f> 


'iA A ^ 


c r 


1 ^ C jS vS £~F 

I4b44o/ 


A**; 


uo- 


U9- 


ZOO 4 


WU 




ft a 


A C 

Qb~ 








A'S A^ *71 AiO 


ft >s 
A£ 




A£T 

-life- 


-£U03 




2UU*5loh 189 


J. 




ft A 

*U9~ 


-2003 


AU 




Al 




A A 


-2003 


t A 


£4/OUOl 


Al 




aa 


-2003 


Lr 


I4o i4o9 


Al 


A U 


-12- 


-2004 






Ai 




09- 


-2003 






ft i 
Ai 


OSS 


-02- 


-2004 


US 


5790514 


A 


04- 


-08- 


-1998 


US 


6473394 


Bl 




-10- 


-2002 


US 


6108349 


A 




-08- 


-2000 


US 


8804192 


Bl 


12- 


-10- 


-2004 


US 


6690680 


81 


10- 


-02- 


-2004 


us 


6771590 


Bl 


03- 


-08- 


-2004 


us 


6218758 


A 


12- 


-09- 


-2000 


OS 


2004184484 


Al 


23- 


-09- 


-2004 


US 


6285654 


Bl 


04- 


-09- 


-2001 


us 


20042^6890 


Al 


09^ 


-12- 


-2004 


us 


6122246 


A 


19- 


-09-2000 


us 


5995483 


A 


30- 


-11- 


-1999 


us 


2002034160 


Al 


21- 


-03- 


-2002 



Fow PCT/I3A/2! 0 (patent iamlly arcis*) U^nrjary zooa) 



EWSDOCID: <WO. 200504385SA1 J. > 

l 



WORLD INTELLECTUAL PROPERTY ORGANIZATION 

International Bureau 




PCT 

INTERNATIONAL APPLICATION PUBLISHED UNDER THE PATENT COOPERATION TREATY (PCT) 



(51) International Patent Classification 6 : 
H04B 7/26, H04L 1/12, H04Q 7/38 



Al 



(11) International Publication Number: 
(43) International Publication Date: 



WO 95/07578 

16 March 1995 (16.03.95) 



(21) International Application Number: PCT/US94/10087 

(22) International Filing Date: 8 September 1994 (08.09.94) 



(30) Priority Data: 

118,473 



8 September 1993 (08.09.93) US 



(71) Applicant: QUALCOMM INCORPORATED [US/US]; 6455 

Lusk Boulevard, San Diego, Ca 92121 (US). 

(72) Inventors: GARDNER, William, R.; 1072 Hayes Avenue, San 

Diego, CA 92103 (US). JACOBS, Paul, E.; 1684 Torrance 
Street, San Diego, CA 92103 (US). PADOVANI, Roberto; 
12634 Futura Street, San Diego, CA 92130 (US). ZIV, 
Noam, A.; 10968 Corte Playa Barcelona, San Diego, CA 
92124 (US). LAM, S., Katherine; 9858 Caminito Calor, 
San Diego, CA 92131 (US). DeJACO, Andrew, P.; 10424 
Flanders Cove, San Diego, CA 92126 (US). 

(74) Agent: MILLER, Russell, B.; Qualcomm Incorporated, 6455 
Lusk Boulevard, San Diego, CA 92121 (US). 



(81) Designated States: AM, AT, AU, BB, BG, BR, BY, CA, CH, 
CN, CZ, DE, DK, EE, ES, FI, GB, GE, HU, JP, KE, KG, 
KP, KR, KZ, LK, LR, LT, LU, LV, MD, MG, MN, MW, 
NL, NO, NZ, PL, PT, RO, RU, SD, SE, SI, SK, TJ, TT, 
UA, UZ, VN, European patent (AT, BE, CH, DE, DK, ES, 
FR, GB, GR, IE, IT, LU, MC, NL, PT, SE), OAPI patent 
(BF, BJ, CF, CG, CI, CM, GA, GN, ML, MR, NE, SN, TD, 
TG), ARIPO patent (KE, MW, SD). 



Published 

With international search report. 



(54) Title: METHOD AND APPARATUS FOR DETERMINING THE TRANSMISSION DATA RATE IN A MULTI-USER COMMU- 
NICATION SYSTEM 



MAIN 


1 


COMM. 


CENTER 






r 


REMOTE 




USER 




T 


REMOTE 


T 


REMOTE 




USER 




USER 




f 


REMOTE 




USER 



(57) Abstract 

A method and apparatus for controlling the data rates for communications to and from a base station (2) and a plurality of remote 
users (4). The usage of the communications resource whether the forward link resource, from base station (2) to remote users (4), or 
reverse link resource, from remote users (4) to base station (2), is measured. The measured usage value is compared against at least one 
predetermined threshold value and the data rates of communications or a subset of communications on said communications resource is 
modified in accordance with said comparisons. 



FOR THE PURPOSES OF INFORMATION ONLY 



Codes used to identify States party to the PCT on the front pages of pamphlets publishing international 
applications under the PCT. 



AT 


Austria 


GB 


United Kingdom 


MR 


Mauritania 


AU 


Australia 


GE 


Georgia 


MW 


Malawi 


BB 


Barbados 


GN 


Guinea 


NE 


Niger 


BE 


Belgium 


GR 


Greece 


NL 


Netherlands 


BF 


Burkina Faso 


HU 


Hungary 


NO 


Norway 


BG 


Bulgaria 


IE 


Ireland 


NZ 


New Zealand 


BJ 


Benin 


IT 


Italy 


PL 


Poland 


BR 


Brazil 


JP 


Japan 


PT 


Portugal 


BY 


Belarus 


KE 


Kenya 


RO 


Romania 


CA 


Canada 


KG 


Kyrgystan 


RU 


Russian Federation 


CF 


Central African Republic 


KP 


Democratic People's Republic 


SD 


Sudan 


CG 


Congo 




of Korea 


SE 


Sweden 


CH 


Switzerland 


KR 


Republic of Korea 


SI 


Slovenia 


CI 


Cflte dlvoire 


KZ 


Kazakhstan 


SK 


Slovakia 


CM 


Cameroon 


LI 


Liechtenstein 


SN 


Senegal 


CN 


China 


LK 


Sri Lanka 


TD 


Chad 


CS 


Czechoslovakia 


LU 


Luxembourg 


TG 


Togo 


CZ 


Czech Republic 


LV 


Latvia 


TJ 


Tajikistan 


DE 


Germany 


MC 


Monaco 


TT 


Trinidad and Tobago 


DK 


Denmark 


MD 


Republic of Moldova 


UA 


Ukraine 


ES 


Spain 


MG 


Madagascar 


US 


United States of America 


FI 


Finland 


ML 


Mali 


uz 


Uzbekistan 


FR 


France 


MN 


Mongolia 


VN 


Viet Nam 


GA 


Gabon 











WO 95/07578 



PCT/US94/10087 



1 

METHOD AND APPARATUS FOR DETERMINING THE 
TRANSMISSION DATA RATE IN A MULTI-USER 

COMMUNICATION SYSTEM 

5 BACKGROUND OF THE INVENTION 

I. Field of the Invention 

The present invention relates to communications systems. More 
10 particularly, the present invention relates to a novel and improved method 
and apparatus for maximizing total average service quality to users in a 
multi-user communication system by controlling the data transmission 
rates to and from users of the multi-user communication system. 

15 II. Description of the Related Art 

The term "multiple access" refers to the sharing of a fixed 
communications resource by a plurality of users. A typical example of such 
a fixed communications resource is bandwidth. There are three basic ways 

20 to increase the throughput or data rate of an individual user accessing a 
communications resource. The first way is to increase the transmitters 
radiated power or alternatively to reduce system losses so that the received 
signal to noise ratio (SNR) is increased. The second way is to increase the 
allocation of bandwidth to the user. The third approach is to make 

25 allocation of the communications resource more efficient. 

Some of the more common methods of providing multiple access to 
a communications resource involve both analog and digital 
communication modulation schemes. Such schemes include frequency 
division, time division and spread spectrum techniques. In frequency 

30 division multiple access (FDMA) techniques, each user is allocated one or 
more specific sub-bands of frequency. In time division multiple access 
(TDMA) techniques, periodically recurring time slots are identified, and for 
each segment of time each user is allocated one or more time slots. In some 
TDMA systems, users are provided a fixed assignment in time, and in other 

35 systems users may access the resource at random times. In spread spectrum 
communications, users share a common frequency band. Using frequency 
hopping (FH) modulation, the signal is modulated upon a carrier which 
changes in frequency according to a predetermined plan. In direct sequence 
(DS) modulation, the user signal is modulated with a pseudorandom code. 

40 In one type of code division multiple access (CDMA) technique which uses 
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direct sequence spread spectrum modulation, a set of orthogonal or nearly 
orthogonal spread spectrum codes (each using full channel bandwidth) are 
identified, and each user is allocated one or more specified codes. 

In all multiple access schemes, a plurality of users shares a * 
5 communications resource without creating unmanageable interference to 

each other in the detection process. The allowable limit of such interference j 
is defined to be the maximum amount of interference such that the 
resulting transmission quality is still above a predetermined acceptable 
level. In digital transmission schemes, the quality is often measured by the 

10 bit error rate (BER) or frame error rate (FER). In digital speech 
communications systems, the overall speech quality is limited by data rate 
allowed for each user, and by the BER or FER. 

Systems have been developed to minimize the data rate required for 
a speech signal while still providing an acceptable level of speech quality. If 

15 speech is transmitted by simply sampling and digitizing the analog speech 
signal, a data rate on the order of 64 kilobits per second (Kbps) is required to 
achieve a speech quality equivalent to that of a conventional analog 
telephone. However, through the use of speech analysis, followed by the 
appropriate coding, transmission, and resynthesis at the receiver, a 

20 significant reduction in the data rate can be achieved with a minimal 
decrease in quality. 

Devices which employ techniques to compress speech by extracting 
parameters that relate to a model of human speech generation are typically 
called vocoders. Such devices are composed of an encoder, which analyzes 

25 the incoming speech to extract the relevant parameters, and a decoder, 
which resynthesizes the speech using the parameters which are received 
from the encoder over the transmission channel. As the speech changes, 
new model parameters are determined and transmitted over the 
communications channel. The speech is typically segmented into blocks of 

30 time, or analysis frames, during which the parameters are calculated. The 
parameters are then updated for each new frame. 

A more preferred technique to accomplish data compression, so as to 
result in a reduction of information that needs to be sent, is to perform 4 
variable rate vocoding. An example of variable rate vocoding is detailed in 

35 U.S. Patent Application Serial No. 08/004,484 entitled "Variable Rate 
Vocoder," assigned to the assignee of the present invention and 
incorporated herein by reference. Since speech inherently contains periods 
of silence, i.e. pauses, the amount of data required to represent these periods 
can be reduced. Variable rate vocoding most effectively exploits this fact by 
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reducing the data rate for these periods of silence. A reduction in the data 
rate, as opposed to a complete halt in data transmission, for periods of 
silence overcomes the problems associated with voice activity gating while 
facilitating a reduction in transmitted information, thus reducing the 
overall interference in a multiple access communication system. 

It is the objective of the present invention to modify the variability of 
the transmission rate of variable rate vocoders, and any other variable rate 
data source, in order to maximize utilization of the communications 
resource. 

SUMMARY OF THE INVENTION 

The present invention is a novel and improved method and 
apparatus for maximizing total average service quality to users in a multi- 
15 user communication system by controlling the data transmission rates to 
and from users of the multi-user communication system. 

In the present invention, usage of the available communication 
resource is monitored. When the usage of the available communication 
resource becomes too great for a given communications link, and thus the 
20 quality falls below a predetermined limit, the data rate to or from the users 
is limited to free up a portion of the available communication resource. 
When the usage of the communications resource becomes small, the data 
rate to or from the users is allowed to increase above the previous limit. 

For example, if the communications link from remote users to a 
25 main communications center, hereafter known as the reverse link, becomes 
overloaded, the main communications center transmits a signaling message 
requesting that the users, or selected ones of the users, decrease their 
average transmission data rate. At the remote user end, the signaling 
message is received and the transmission rate for the remote user is lowered 
30 in accordance with the signaling message. 

The remote user, in the example, may be transmitting speech data or 
other digital data. If the user is transmitting speech data, then his 
transmission data rate may be adjusted using a variable rate vocoder as is 
described in above mentioned Application Serial No. 08/004,484. The 
35 present invention is equally applicable to any variable rate vocoding strategy 
when the remote user is transmitting speech data. If the user is 
transmitting digital data that is not speech data, the system can optionally 
instruct the remote user to modify the transmitted data rate for the specific 
digital data source. 
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On the communication link between the main communication 
center and the remote users, hereafter known as the forward link, the main 
communication center monitors the fraction of its total resource capacity 
that is being used for communicating to the remote users. If the fraction of 
5 the communications resource being used is too large, the main 
communication center will decrease the permitted average transmission 
data rate to each user or a subset of users. If the fraction of the 
communications resource being used is too small, the main 
communication center will permit the average data rate for each user to 
10 increase. As in the reverse link, the control of the data rate may be selective 
in nature based upon the nature of the data (speech or non-speech) being 
transmitted to the remote users. 



15 BRIEF DESCRIPTION OF THE DRAWINGS 

The features, objects, and advantages of the present invention will 
become more apparent from the detailed description set forth below when 
taken in conjunction with the drawings in which like reference characters 
20 are identified correspondingly throughout and wherein: 

Figure 1 is a block diagram illustrating multiple remote (mobile) 
users accessing a main communications center (cell base station); 

Figure 2 is a block diagram illustrating the effects of a multi-cell 
(multiple main communications centers) environment on data reception at 
25 a remote (mobile) user; 

Figure 3 is a graph of average service quality versus number of users 
at a particular average transmission data rate; 

Figure 4 is a graph of average service quality versus number of users 
for three different average transmission data rates; 
30 Figure 5 is a flowchart of the system monitor and control operation; 

Figure 6 is a communication resource pie chart for forward link 
communications; 

Figure 7 is a communication resource pie chart for reverse link 
communications ; 

35 Figure 8 is a communication resource pie chart illustrating the 

actions to be taken with respect to different fractions of resource usage; 

Figure 9 is a communication resource pie chart illustrating conditions 
under which the data rate would be decreased by the control mechanism of 
the present invention 
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Figure 10 is a communication resource pie chart illustrating the 
effects of decreasing the data rate of the previous communications resource; 

Figure 11 is a block diagram of the monitor and control system for 
controlling reverse link communications located at the main 
communications center; 

Figure 12 is a block diagram of the monitor and control system for 
controlling reverse link communications located at the remote user; and 

Figure 13 is a block diagram of the forward link monitor and control 
apparatus. 

DETAILED DESCRIPTION OF THE PREFERRED 

EMBODIMENTS 

Figure 1 illustrates the multi-user communications system 

15 communications between remotes users 4 and the main transmission 
center 2. In the exemplary embodiment these communications are 
conducted by means of a code division multiple access (CDMA) multi- user 
scheme, which is detailed in U.S. Patent Serial No. 4,901,307 entitled 
"Spread Spectrum Multiple Access Communication System Using Satellite 

20 of Terrestrial Repeaters (CDMA)," and U.S. Patent Serial No. 5,103,459 
entitled "System and Method for Generating Signal Waveform in a CDMA 
Cellular Telephone System (CDMA)," both assigned to the assignee of the 
present invention and incorporated by reference herein. The 
communications that occur from the remote users to the main 

25 transmission center are referred to as reverse link communications. The 
communications link that enables communications from remote users 4 to 
a cell base station 2 is referred to as the reverse link. In a CDMA system, 
system user capacity is a function of the level of interference in the system. 
Figure 2 illustrates the two main issues that result in the need for the 

30 control of the data rate to reduce interference and increase capacity. In the 
exemplary embodiment of a CDMA multi-cell cellular communications 
network, the main capacity limit on forward link communications is the 
interference from neighboring cells as illustrated by the propagation lines 
drawn from the cell base stations 12 and the single remote user or mobile 

35 station 10. The second effect on forward link capacity in the present 
embodiment is illustrated by the second propagation path 18 from a single 
cell base station to a mobile station 10. The cause of this effect, known as 
multipath, is reflection off of obstruction 16 which may take the form of a 
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building, a mountain, or any other object that is capable of reflecting 
electromagnetic waves. 

In the exemplary embodiment, interference is received by remote 
user 10 from cell base stations 12 which are not communicating with the 
5 remote user, and interference is received by multipath signals from 
obstruction 16. In the exemplary embodiment, the operation of a group of 
cells is overseen by the system controller 14 that provides the data to and 
from a public telephone switching network (not shown). These 
communications are referred to as forward link communications. 

10 In systems like time division multiple access (TDMA) and frequency 

division multiple access (FDMA), a "hard" capacity limit exists due to the 
finite number of time slot or frequency sub-band divisions, respectively. 
When all of the time slots or subbands are allocated to users, the "hard" 
capacity limit is reached and service to any additional user is impossible. 

15 Though the users that have accessed the system before the capacity limit 
remain unaffected by any excluded users, the average quality of service to all 
users drops beyond the capacity limit since the quality of service for each 
additional user denied service is zero. 

In multiple access schemes such as code division multiple access 

20 (CDMA) and random access systems like ALOHA and slotted ALOHA 
systems, a "soft" capacity limit exists. For these types of multiple access 
systems, the increase of the number of system users beyond a capacity limit 
causes a decrease in the quality of service to all users of the system. In a 
CDMA system, the transmissions of each user are seen as interference, or 

25 noise, to each other user. Beyond the soft capacity limit of a CDMA system, 
the noise floor becomes large enough to cause the predetermined allowable 
BER or FER to be exceeded. In random access schemes, each additional user 
increases the probability of a message collision. Beyond a capacity limit the 
message collisions grow so frequent that the need for retransmission or the 

30 resultant lost data causes the communication quality of all users to suffer. 

Figure 3 is a graph of the average quality of service to users of such a 
multiple access communication system versus the number of users 
occupying the system, given a specified average data rate for all users. The 
average quality (Qave) of service is defined as: 



35 
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where Qi is quality of service to user i and N is the number of users on the 
system. 

Figure 3 also illustrates a quality line above which the average service 
quality is acceptable and below which the service quality is unacceptable. 
5 The intersection of the quality line with the plot of quality versus number 
* of users curve defines the capacity limit of the system at the data rate of the 

system. In the exemplary embodiment of a CDMA system, messages are 
transmitted in 20 ms frames, and a tolerable frame error rate of 1% dictates 
the position of the quality line in the exemplary embodiment. It is 
10 understood that different frame sizes and error rates are equally applicable 
to the present invention. 

Figure 4 illustrates three plots 20, 22, and 24 of average quality of 
service versus number users for three progressively decreasing average data 
rates. Plot 20 corresponds to the quality curve for a high average data rate, 
15 plot 22 corresponds to the quality curve for a moderate average data rate, 
and plot 24 corresponds to the quality curve for a low average data rate. 

The first important feature in the plots is that the intersection of the 
plots with the vertical axis is progressively lower for lower link data rates. 
Below capacity limits, higher allowable data rates correspond to higher 
20 quality, since a high data rate allows more precise quantization of the 
parameters in the variable rate speech coder, resulting in cleaner sounding 
speech. 

The second important feature in the plots is the intersections of the 
quality line with the three plots. The intersections of the quality line with 

25 each of the curves 20, 22 and 24 provides the capacity limit for the system at 
the respective data rates of curves 20, 22 and 24. The system capacities 
labeled CAP A, CAP B, and CAP C are the number of users that can access 
the system at the data rates of each of curves 20, 22 and 24. The capacity 
limit at a given data rate is obtained by dropping a vertical line, as shown in 

30 the diagram, from the intersection of the plot and the quality line to the 
horizontal axis representing the number of users. The capacity of the 
system increases for a fixed quality level as the data rate decreases. 

* 

Figure 5 is a flowchart illustrating the method of maximizing the 
average quality by controlling the data rate of transmission on the system. 
35 At block 30 the amount of communications resource that is in use is 
determined, based on the number of users accessing the system on the given 
link and the data rate transmitted by each user. The usage value computed 
in block 30 is passed to block 32. In block 32 the usage value is compared 
against a lower threshold. If the usage value is below the lower threshold 
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then the operation goes to block 34 where it is determined if the link is 
operating at a predetermined data rate maximum. If the system is operating 
at the predetermined data rate maximum, the operation moves to block 38 
and no action is taken. If the system is operating below the predetermined 
5 data rate maximum, the operation proceeds to block 36 and the link data 
rate is increased. 

If back at block 32 it is determined that the link usage is not too low, 
the operation proceeds to block 40 where the usage is compared against an 
upper threshold. If in block 40 the link usage is determined to be below the 
10 upper threshold, the operation proceeds to block 41 and no action is taken. 
If on the other hand, the link usage exceeds the upper threshold in block 40, 
the operation proceeds to block 42. In block 42, the system data rate is 
compared against a predetermined minimum. If the system data rate is 
greater than this predetermined minimum then the operation proceeds to 
15 block 44 where the link data rate is decreased. 

If at block 42 the link data rate was determined to be equal to the 
minimum link data rate then the operation proceeds to block 46. At block 
46 the system compares the usage to a predetermined usage maximum. If 
the communications resource is exhausted, that is the usage is equal to the 
20 predetermined maximum, then the operation proceeds to block 48 and 
access by any additional users is blocked. If the usage is below the 
predetermined usage maximum then, then operation proceeds to block 50 
and no action is taken. 

In TDMA systems, data rates can be modified by spreading data of a 
25 given user among a plurality of allocated time slots or combining the data of 
a plurality of users with selected ones of allocated time slots. In an 
alternative implementation variable data rates could be achieved in a 
TDMA system by allocating time slots of varying length to different users. 
Similarly, in FDMA systems data rates can be modified by spreading data of 
30 a given user among a plurality of allocated frequency sub-bands or 
combining the data of a plurality of users with selected ones of allocated 
frequency sub-bands. In an alternative implementation variable data rates 
in a FDMA system could be achieved by allocating varying frequency sub- 
bands sizes to different users. 
35 In random access systems the probability of message collisions is 

proportional to the amount of information each user needs to send. 
Therefore, the data rate can be adjusted directly by sending varying size 
packets of data or by sending the packets at varying time intervals between 
transmission. 
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In the exemplary embodiment using a CDMA system, the amount of 
data necessary for transmission of speech is adjusted by use of a variable rate 
vocoder as detailed in Application Serial No. 08/004,484 mentioned above. 
The variable rate vocoder of the exemplary embodiment, provides data at 
5 full rate, half rate, quarter rate and eighth rate corresponding to 8Kbps, 
4Kbps, 2Kbps and 1Kbps, but essentially any maximum average data rate can 
be attained by combining data rates. For example, a maximum average rate 
of 7Kbps can be attained by forcing the vocoder to go to half rate every 
fourth consecutive full rate frame. In the exemplary embodiment, the 

10 varying size speech data packet, is segmented and segments are provided at 
randomized times as is detailed in U.S. Patent Application Serial No. 
07/846,312 entitled "Data Burst Randomizer," assigned to the assignee of the 
present invention and incorporated by reference herein. 

A useful way of looking at the issue of communications resource 

15 capacity is to view the available communications resource as a pie chart, 
where the whole pie represents the complete exhaustion of the 
communication resource. In this representation sectors of the pie chart 
represent fractions of the resource allocated to users, system overhead, and 
unused resource. 

20 In a TDMA or FDMA system the whole of the pie chart may represent 

the number of available time slots or frequency sub-bands in a given 
allocation strategy. In a random access system, the whole of the pie chart 
may represent the message rate that is acceptable before message collisions 
grow so great as to make the transmission link unacceptable. In the 
25 exemplary embodiment of a CDMA system, the whole of the pie chart 
represents the maximum tolerable noise floor wherein the overhead and 
signal from all other users appear as noise in the reception of the message 
data to and from the remoter users. In any system configuration, referring 
back to Figure 3, the whole of the resource pie represents the intersection of 
30 the quality line with the average quality versus number of users plot. 

Figure 6 illustrates an example of a general forward link capacity pie 
chart. The first sector of the resource pie labeled OVERHEAD represents the 
portion of the transmission signal that does not carry message information. 
The OVERHEAD fraction of the pie represents the transmission of non- 
35 message non-user-specific data and in the exemplary embodiment is a fixed 
fraction of the communication resource though in other systems this 
overhead may vary with the number of users or other factors. The 
OVERHEAD may include base station identification information, timing 
information and base station setup information among other things. The 
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OVERHEAD may include pilot channel usage of the communications 
resource. An example of a pilot channel is detailed in U.S. Patent Serial 
No. 5,103,459, entitled ''System and Method for Generating Signal 
Waveforms in a CDMA Cellular Telephone System (CDMA)/ 1 assigned to 
5 the assignee of the present invention and incorporated herein by reference. 
Each of the following sectors numbered 1-20 represents a the message 
information directed to a particular user, where the users are numbered 
1-20. The last sector of the pie, moving in a clockwise direction, is labeled 
with a B. The sector labeled with a B represents the remaining fraction of 
10 available communication resource before unacceptable link degradation 
occurs. 

Figure 7 is a resource pie chart for the reverse link communications. 
This pie chart represents the information received at the main transmission 
center or base station from the remote users. The only significant difference 

15 between this pie chart and the previous pie chart is in the reverse link there 
is no fixed OVERHEAD resource. It should also be noted that in the 
preferred embodiment each user uses the same fraction of communication 
resource in order to maximize the quality of service to all users. The 
method and apparatus for maintaining the condition wherein all users use 

20 the same fraction of received communication resource is detailed in U.S. 
Patent No. 5,056,109 entitled "Method and Apparatus for Controlling 
Transmission Power in a CDMA Cellular Telephone System" assigned to 
the assignee of the present invention and incorporated by reference herein. 
In this approach, each remote user transmits at a power level such that it is 

25 received at the base station as all other remote users. Preferably, each 
remote user transmits at a minimum power level necessary to insure a 
quality communication link with a base station. 

Figure 8 is an action pie chart that represents the actions to be 
followed with respect to the resource pie charts. Labeled on the pie chart of 

30 Figure 7 are three points, a point marked INCREASE RATE, a point marked 
DECREASE RATE and a point marked BLOCK ADDITIONAL USERS. If the 
fraction of the resource pie for a given link exceeds the point marked 
DECREASE RATE, the transmission rate on that link should be decreased to 
improve the quality of service to the users. For example, if the data rate 

35 corresponding to plot 20 in figure 4 was being transmitted by all users and 
the number of users became greater than CAP A, the data rate would be 
decreased, and the system would then operate on plot 22 in figure 4. If the 
fraction of the resource pie for a given link falls below the point marked 
INCREASE RATE, the transmission rate on that link should be increased to 
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improve the quality of service to the users. For example, if the data rate 
corresponding to plot 22 in figure 4 was being transmitted by all users and 
the number of users dropped below CAP A, the data rate would be increased 
and the system would operate on plot 20 in figure 4. If the pie reaches the 
5 point marked BLOCK ADDITIONAL USERS then any additional users 
should be blocked from accessing the system. Note that the only way the 
system would reach the BLOCK ADDITIONAL USERS point is by going 
through the DECREASE RATE point which implies that the rate could not 
be further decreased. 

10 Figures 9 and 10 illustrate the effects of decreasing the transmission 

rate on the resource allocation. In Figure 8, the addition of user 20 has 
caused the resource allocation to surpass the point at which the 
transmission rate should be decreased. At this point the transmission rate is 
decreased and the resource pie for the same users looks like Figure 9. Notice 

15 the unused portion of the resource pie labeled B is large enough to permit 
additional users to access the communication resource. Thus, additional 
users can access the communication system until the system requires the 
transmission rate to be decreased again. This process will continue until the 
rate is at a minimum. If this occurs, the system allows the pie to fill entirely 

20 and then any new users are prevented from accessing the system. 

In contrast as users leave the communication resource then the 
fraction of the communication resource that is used decreases below the 
INCREASE RATE point and the system will increase the transmission rate. 
This can continue until the transmission rate is increased to a maximum 

25 rate or until no users are accessing the communication resource. 

Figure 11 illustrates a block diagram for the monitor and control of 
the reverse link communication resource usage at the main 
communications center, which may include the cell base station and the 
system controller. The signals from the remote users are received at receive 

30 antenna 60. The received signals are provided to receiver 62 which 
provides the data in analog or digital form to energy computation element 
66 and demodulators 64. The computed energy value from energy 
computation element 66 is provided to rate control logic 68 which compares 
the received signal energy to a series of thresholds. In response to the 

35 comparisons, rate control logic 68 provides a rate control signal to 
microprocessors 70 when the signal energy is above an upper threshold or is 
below a lower threshold. In other embodiments, the rate control logic 68 
could also be responsive to external factors which may affect the 
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performance of the communications channel, such as weather conditions, 
etc. 

The received signal from receiver 62 are provided to demodulators 
64, where it is demodulated and the data for a specific user is extracted and 
5 provided to the corresponding microprocessor 70. In the exemplary 
embodiment, as detailed in U.S. Patent Application Serial No. 07/433,031 
entitled "Method and System for Providing a Soft Handoff in 
Communication in a CDMA Cellular Telephone System" assigned to the 
assignee of the present invention and incorporated by reference herein, the 

10 received data is provided by microprocessors 70 to selector cards (not shown) 
in a system controller 14 that selects a best received data from received data 
from a plurality of main communication centers (cells), each of which 
contains a receiver 62 and a demodulator 64, and decodes the best received 
data using a vocoder (not shown). The reconstructed speech is then 

15 provided to a public telephone switching network (not shown). 

In addition, microprocessors 70 receive data for forward link 
transmission from the vocoders (not shown) through the data interface. 
Microprocessors 70 combine the reverse link rate control signal, when 
present, with the outgoing forward link data to provide composite data 

20 packets to modulators 72. In a preferred embodiment, ones of 
microprocessors 70 would selectively combine the reverse link rate control 
when present to with outgoing forward link data. In the preferred 
embodiment, ones microprocessors 70 are responsive to a signal indicative 
of overriding conditions where upon the reverse rate control signal is not 

25 combined with the outgoing forward link data. In alternate embodiment, 
certain ones of said microprocessors 70 would not be responsive to the 
reverse link rate control signal. Modulators 72 modulate the data packets 
and provide the modulated signals to summer 74. Summer 74 sums the 
modulated data and provides it to transmitter 76 where amplified and 

30 provided to transmission antenna 78. 

Figure 12 illustrates a block diagram of the remote user apparatus of 
the present invention for responding to the rate control signal provided in 
the exemplary embodiment by main transmission center 2 in figure 1. On 
the receive path, the signal that comprises encoded speech data and/ or 

35 signaling data is received at antenna 90, which also serves as the 
transmission antenna by means of duplexer 92. The received signal is 
passed through duplexer 92 to demodulator 96. The signal is then 
demodulated and provided to microprocessor 98. Microprocessor 98 then 
decodes the signal and passes the speech data and any rate control data that 
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is sent by the base station to the variable rate vocoder 100. Variable rate 
Vocoder 100 then decodes the encoded packet of speech data provided from 
microprocessor 98 and provides the decoded speech data to codec 102. Codec 
102 converts the digital speech signal into analog form and provides the 
5 analog signal to speaker 106 for playback. 

On the transmit path of the remote user, a speech signal is provided 
through microphone 106 to codec 102. Codec 102 provides a digital 
representation of the speech signal to the variable rate vocoder 100 which 
encodes the speech signal at a rate determined in the exemplary 

10 embodiment in accordance with the speech activity and the received rate 
signal. This encoded speech data is then provided to microprocessor 98. 

In the exemplary embodiment, the rate control signal is a binary 
signal indicating to the remote user to increase or decrease the maximum 
data rate. This adjustment of the data rate is done in discrete levels. In the 

15 exemplary embodiment, the remote user will increase or decrease its 
maximum transmission rate by 1000 bps upon receipt rate control signaling 
from the cell base station. In practice, this reduces the overall average data 
rate by 400 to 500 bps, since the vocoder is only encoding the speech at the 
maximum rate 40-50% of the time in a normal two-way conversation. In 

20 the exemplary embodiment, the silence between words is always encoded at 
the lower data rates. 

For example, if the remote user is currently operating with a 
maximum transmission data rate of full rate or rate 1 (8 Kbps), and a signal 
decrease its maximum data rate is received, the maximum transmission 

25 data rate will be decreased to 7/8 (7 Kbps) by forcing every fourth 
consecutive full rate frame of data to be encoded at half rate (4Kbps). If on 
the other hand, the remote user is operating under control of the cell base 
station at a maximum transmission rate of 3/4 (6 Kbps) and the cell base 
station signals the remote user to increase its maximum data rate, then the 

30 remote user will use a rate 7/8 (7 Kbps) as a maximum transmission data 
rate. In a simplified embodiment the rates could simply be limited to one of 
the discrete rates provided by variable rate vocoder 100 (i.e.. rates 1, 1/2, 1/4 
and 1/8). 

Microprocessor 98, also, receives non-speech data that can include 
35 signaling data or secondary data such as facsimile, modem, or other digital 
data that needs communication to the cell base station. If the digital data 
being transmitted by the remote user is of a form not conducive to variable 
rate transmission (i.e. some facsimile or modem data) then microprocessor 
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98 can decide based upon the service option of the remote user whether to 
vary the transmission rate in response to the rate control signal. 

Modulator 108 modulates the data signal and provides the modulated 
signal to transmitter 110 where it is amplified and provide through 
5 duplexer 92 to antenna 90 and transmitted over the air to the base station. It 
is also envisioned in the present invention that the remote user could 
monitor the reverse link communication resource and respond in an open 
loop manner to adjust its transmission rate. 

Figure 13 illustrates a block diagram of an exemplary forward link 

10 rate control apparatus. Speech data is provided to vocoders 120 where the 
speech data is encoded at a variable rate. In the present invention the 
encoding rate for the speech data is determined in accordance with the 
speech activity and a rate control signal when present. The encoded speech 
is then provided to microprocessors 122, which also may receive non-speech 

15 data from an external source (not shown). This non-speech data can include 
signaling data or secondary data (facsimile, modem or other digital data for 
transmission). Microprocessors 122 then provide data packets to 
modulators 124 where the data packets are modulated and provided to 
summer 126. Summer 126 sums the modulated signal from modulators 124 

20 and provides the sum signal to transmitter 128 where the signal is mixed 
with a carrier signal, amplified and provided to antenna 130 for 
transmission. 

The summed modulated signal from summer 126 is also provided to 
energy computation unit 132. Energy computation unit 132 computes the 

25 energy of the signal from summer 126 for a fixed time period and provides 
this energy estimate to rate control logic 134. Rate control logic 134 
compares the energy estimate to a series of thresholds, and provides a rate 
control signal in accordance with these comparisons. The rate control signal 
is provided to microprocessors 122. Microprocessors 122 provide the rate 

30 control signal to vocoders 120 for control of the maximum data rate of 
speech data. Optionally, microprocessors 122 can also use the rate control 
signal to control the data rate of non-speech data sources (not shown), the 
rate control signal can be provided selectively to ones of microprocessors 122 
or alternately selects ones of microprocessors 122 can be responsive to a 

35 globally provided rate control signal. 

The open loop form of control on the forward link described above 
can also operate in a closed loop, which can be responsive to signals from 
the remote stations indicative of capacity limits being reached, such as high 
frame error rates or other measurable quantities. Rate control logic 134 can 
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be responsive to external interferences of various kinds which may also 
affect the performance of the communications channel 

The previous description of the preferred embodiments is provided 
to enable any person skilled in the art to make or use the present invention. 
5 The various modifications to these embodiments will be readily apparent to 
those skilled in the art, and the generic principles defined herein may be 
applied to other embodiments without the use of the inventive faculty. 
Thus, the present invention is not intended to be limited to the 
embodiments shown herein but is to be accorded the widest scope consistent 
10 with the principles and novel features disclosed herein. 



WE CLAIM: 
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CLAIMS 

1. In a communications network wherein a plurality of remote 
2 users each having a transmitter communicate message signals to a 

communications center having a receiver, a subsystem for optimizing 
4 communications quality in accordance with system usage and capacity 
comprising: 

6 monitor means for determining said system usage and conditionally 

providing a rate control signal in accordance with said usage level; and 

8 a plurality of response means each collocated with a corresponding 

one of said remote users for receiving said rate control signal and adjusting 
10 said data rate of said corresponding one of said remote users in accordance 
with. 

2. The subsystem of Claim 1 wherein said monitor means is 
2 collocated with said transmission center, said subsystem further comprising: 

communications center transmitter means for transmitting messages 
4 to said remote users and for transmitting said rate control signal to said 
remote users; and 

6 plurality of remote receiver means, each of said plurality of remote 

receiver collocated with a corresponding one of said remote users for 

8 receiving said rate control signal and for providing said rate control signal 
to a corresponding one of said response means. 

3. The subsystem of Claim 1 wherein said monitor means 
2 determines said system usage by measuring the energy of said message 

signals for a predetermined time period. 

4. The subsystem of Claim 1 wherein said response means 
2 comprises: 

processor means for receiving said rate control signal and providing a 
4 rate command signals in response to said rate control signal; and 

variable rate vocoder means for receiving speech data and said rate 
6 command signals and encoding said speech data at a rate in accordance with 
said command signals. 

5. The subsystem of Claim 4 wherein said variable rate vocoder 
2 means further encodes said speech data in accordance with the energy of 

said speech data. 
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6. The subsystem of Claim 4 wherein said processor means is 
2 further for receiving non-speech data for transmission and for providing 
said non-speech data at a rate in accordance with said rate control signal. 



7. A variable rate transceiver comprising: 

2 a receiver for receiving a signal comprising message data and a rate 

control command; 

4 a variable rate vocoder for receiving speech data and encoding said 

speech data in accordance with said rate control command; and 
6 a transmitter for transmitting said encoded speech data. 

8. The variable rate transceiver of Claim 7 further comprising: 

2 a demodulator disposed between said receiver and said variable rate 

vocoder for demodulating said received signal; and 
4 a processor disposed between demodulator and said variable rate 

vocoder for receiving said demodulated signal and separately providing said 
6 message data and said rate control command. 

9. The variable rate transceiver of Claim 8 wherein said processor 
2 is further for receiving non-speech data for transmission. 



10. The variable rate transceiver of Claim 7 further comprising a 
2 modulator disposed between said variable rate vocoder and said transmitter 

for modulating said encoded speech data. 

11. The variable rate transceiver of Claim 7 further comprising a 
2 modulator disposed between said variable rate vocoder and said transmitter 

for modulating said encoded speech data. 



12. At a base station, an apparatus for controlling the user capacity 
2 of said base station comprising: 

usage determination means for measuring usage of said base station; 
4 rate control means for comparing said measured usage against at least 

one predetermined value and selectively providing a rate control signal in 
6 accordance with said comparisons; and 

transmitter means for transmitting said rate control signal. 
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13. The apparatus of Claim 12 further comprising processor means 
2 for receiving message data for transmission to said remote users and said 

rate control signal and combining said message data with said rate control 
4 signal to provide a composite data packet. 

14. The apparatus of Claim 13 further comprising a modulator 
2 means disposed between said processor means and transmitter for 

modulating said composite data packet. 

15. In a communication system wherein a base station 
2 communicates messages on a forward link with a plurality of remote users 

an apparatus of controlling the data rate of said message communications, 
4 comprising: 

usage determination means for determining a usage value of said 
6 forward link; 

rate control logic means for receiving said usage value, comparing 
8 said usage value to at least one predetermined threshold value and 
conditionally providing a rate control signal in accordance with said 
10 comparisons; and 

at least one variable rate data source for providing data at a rate in 
12 accordance with said rate control signal. 

16. The apparatus of Claim 15 wherein said at least one variable 
2 rate data source comprises at least one variable rate vocoder means for 

encoding speech data at variable rates. 

17. The apparatus of Claim 15 wherein said usage determination 
2 means measures the energy of a signal for transmission to said remote 

users. 

18. A method for optimizing usage of a communications resource, 
2 comprising the steps of: 

measuring said usage of said communications resource; 
4 comparing said measured usage against at least one predetermined 

threshold; and 

6 adjusting data rates of communications on said communications 

resource in accordance with said comparisons. 
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19. The method of Claim 18 wherein said step of comparing said 
2 measured usage against at least one predetermined threshold comprises 

comparing said usage against a predetermined high usage threshold, and 
4 wherein said step of adjusting data rates of communications on said 

communications resource comprises decreasing the data rate of 
6 communications when said usage exceeds said high usage threshold. 

20. The method of Claim 18 wherein said step of comparing said 
2 measured usage against at least one predetermined threshold comprises 

comparing said usage against a predetermined low usage threshold, and 
4 wherein said step of adjusting data rates of communications on said 

communications resource comprises increasing the data rate of 
6 communications when said usage falls below said low usage threshold. 
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ADAPTIVE BIT ALLOCATION FOR VARIABLE BANDWIDTH MULTICARRIER COMMUNICATION 

TECHNICAL FIELD 

This application relates to the field of electronic communication and more par- 
ticularly to the field of multiband digital signal communication. 

BACKGROUND OF THE INVENTION 

Conventional multicarrier digital communication is a technique for transmitting 
and receiving digital signals using a plurality carriers (subchannels) having different fre- 
quencies. Each of the subchannels is used to communicate a different portion of the sig- 
nal. The transmitter divides the signal into a number of components, assigns each com- 
ponent to a specific one of the carriers, encodes each of the carriers according to the 
component assigned thereto, and transmits each of the carriers. The receiver decodes 
each received carriers and reconstructs the signal. 

The maximum amount of information that can be encoded onto a particular sub- 
carrier is a function of the signal to noise ratio of the communication channel with re- 
spect to that subcarrier. The signal to noise ratio of a communication channel can vary 
according to frequency so that the maximum amount of information that can be encoded 
onto one carrier may be different than the maximum amount of information that can be 
encoded onto another carrier. 

Bit loading is a technique for assigning bits to subchannels according to each 
subchannel's signal to noise ratio. A bit loading algorithm provides a bit allocation table 
that indicates the amount of information (in bits) that is to be encoded on each of the 
carriers. That is, for a multicarrier communication system with J carriers, a bit allocation 
table Bjj] indicates, for each j = 1 to J, the amount of information that is to be encoded 
onto each of the J carriers. 

Shaping the transmission to match the channel characteristics is known. For ex- 
ample, a technique known as "water pouring" was introduced by Gallager in 1968 



SUBSTITUTE SHEET (RULE 26) 



WO 98/57472 



PCT/US98/11845 



-2- 

("Information Theory and Reliable Communication", page 389) and by Wozencraft in 
1965 ("Principles of Communication Engineering", pp. 285-357). Water pouring in- 
volves distributing the energy of the transmission signal according to the channel fre- 
quency response curve (a plot of the signal to noise ratio as a function of frequency). 
The frequency response curve is inverted and the available signal energy (the "water") is 
"poured" into the inverted curve so that more of the energy is distributed into those 
portions of the channel having the highest signal to noise ratio. In a multicarrier system 
in which the transmission band is divided into numerous subchannels, throughput can be 
maximized by putting as many bits in each subcarrier as can be supported given the 
"water pouring" energy and a desired error rate. 

Other techniques for allocating bits among carriers of a multicarrier signal are 
known. U.S. Patent No. 4,73 1,816 to Hughes-Hartogs discloses a bit loading scheme 
where one bit at a time is incrementally added to each subcarrier until a maximum rate is 
achieved. Subcarriers that require the least amount of additional power to support an 
additional bit are selected first. 

U.S. Patent No. 5,479,477 to Chow et al. discloses a bit loading scheme that is 
capable of either maximizing the throughput or maximizing the margin for a particular 
target data rate. Unlike Hughes-Hartogs, Chow et al. determines the bit loading table 
one carrier at a time (rather than one bit at a time). In Chow et al., all the carriers are 
sorted in descending order according to the measured signal to noise ratio. The initial 
subchannels that are selected are the ones capable of carrying the most bits. Using the 
Chow et al. scheme to maximize the data rate provides a bit loading table similar to that 
provided by the Hughes-Hartogs algorithm. 

In order for the receiver to correctly interpret the received data, both the 
transmitter and the receiver must use the same bit loading table. When the bit loading 
algorithm is performed during the initialization phase of communication, the resulting bit 
allocation table is communicated between the transmitter and receiver to ensure that 
both the transmitter and the receiver are using the same bit loading table. However, in 
the event that the communication channel signal to noise ratio characteristics change 
during communication, it may be necessary to update/change the bit allocation table to 
more appropriately match the transmission with the channel characteristics. However, 
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when the bit allocation table is changed, it is necessary to synchronize use of the new 
table with both the transmitter and the receiver. If the transmitter and the receiver use 
different bit allocation tables at any time, the communications link will suffer significant 
errors in those subchannels in which the bit allocation tables do not agree. 

In addition, determining a new bit allocation table can be time consuming, espe- 
cially if the bit loading algorithm is computationally intensive, such as that disclosed by 
Hughes-Hartogs where the bit allocation table is constructed one bit at a time. If the bit 
allocation table is to be calculated many times during communication between the 
transmitter and receiver, then spending a relatively long amount of time recalculating the 
bit allocation table (and hence not communicating data) is undesirable. 

One solution is to simply not change the bit loading table after initialization. 
However, this may be unacceptable in cases where the communication channel signal to 
noise ratio changes during data transmission. Accordingly, it is desirable to be able to 
determine a bit loading table relatively quickly and to be able to synchronize use of the 
new table by the transmitter and the receiver. 

SUMMARY OF THE INVENTION 

In accordance with the present invention, a pair of bit allocation tables are 
maintained at both the transmitter and the receiver. These tables are updated as needed, 
using measurements of the signal to noise ratio performed on known data transmitted to 
the receiver in a control frame separate from the data frame. The transmitter signals the 
receiver as to which of the two tables is to be used for subsequent communication. 
Preferably, this is done by transmitting a flag from the transmitter to the receiver at some 
point during the data transmission; this causes the receiver to thereafter switch the bit 
loading table it is using for communication to synchronize with the corresponding table 
at the transmitter. 

In the preferred embodiment of the invention, although the invention is not re- 
stricted thereto, 69 "frames" of 245.5 microseconds duration each are used to form a 
"superframe" of 16.94 milliseconds. The first frame of each superframe comprises a 
control frame that is used to transmit a standard (known) data set from the transmitter 
to the receiver; the remaining frames contain data. The receiver measures the signal to 



SUBSTITUTE SHEET (RULE 26) 



WO 98/57472 



PCT/US98/11845 



-4- 

noise ratios of the received data in this frame for each of the channels and uses this to 
calculate channel bit allocations for subsequent data transmissions. In practice, it has 
not been found necessary to calculate the signal to noise ratios for each and every super- 
frame, although this can, of course, be done. Rather, we have found it sufficient for 
most data transmissions to measure the signal to noise ratios of the channels over several 
frames, average them, update the bit allocation tables based on the resultant values, and 
use the bit allocations tables so determined over hundreds or thousands of subsequent 
frames. 

The bit allocation table updating is performed by comparing the measured signal 
to noise ratio (SNR) in each channel with a constellation signal to noise ratio SNR[Cj], 
that has been augmented by a trial noise margin M, SNRa[Cj] = SNR[Cj] + M. The 
constellation signal to noise ratio, SNRfo], specifies the number of bits Cj 
("constellation size") that can be transmitted over a channel j given a specific signal to 
noise ratio SNRj, where Cj may vary, for example, from 1 to 15. The value of the 
margin M is dependent on the difference between the amount of data (i.e., number of 
bits) that can be transmitted across the channels in accordance with the augmented con- 
stellation signal to noise ratio SNR a [Cj] and the amount that is desired to be transmit- 
ted (the "target data rate"), N. The value of this margin is varied in order to optimize it 
for the particular communication conditions as manifested by the measured signal to 

noise ratios, SNRj, 

In particular, the total number of bits that may be transmitted over J channels, 

j 

each characterized by signal to noise ratio SNRj, is JV max = ' where the respective 

Cj are determined from the measured signal to noise ratios, SNRj. See, for example, 
"Digital Communications" by John G. Proakis, pp. 278ff for channel capacity calcula- 
tions for quadrature amplitude modulation (QAM) systems, the preferred form of 
transmission for this invention. Preferably, the channel capacity calculations are per- 
formed in advance and stored in the form of lookup tables for rapid access. In the pre- 
ferred embodiment described herein, the margin M is determined as M = (10/J)* 
(Nmax - N). The augmented constellation signal to noise ratio is then given by 
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SNR a [Cj] = SNR[Cj] + M, and this value is used to determine (e.g., by table lookup 
as described above) the number of bits that can be transmitted over a channel. By aug- 
menting the constellation signal to noise ratio, SNR[cj], rather than the channel signal 
to noise ratio, SNRj, fewer additions are required, since the range of constellation sizes 
(e.g., Cj = 1 . . . 15) is typically smaller than the range of channels (e.g., j = 1 . . . 256). 

As long as the amount of data that can be transmitted over the channels in a 
given interval differs (as determined by the calculations just described) from the amount 
of data desired to be transmitted in that interval, i.e., Nmax* N, and assuming that cer- 
tain other exit conditions have not been satisfied, the receiver cycles through a loop that 
repeatedly adjusts the margin M and recalculates Nmax- To do this, the receiver sets a 
high margin threshold Mr and a low margin threshold Ml. During those superframes 
in which the bit allocation table is to be recalculated, the high threshold and low thresh- 
old margins are initialized to either a first state (M H = 0, M L = (10/J)*[Nmax - N]) or 
a second state (M L = 0, M H = (10/J)*[Nniax - N]) dependent on whether Nmax is 

greater than N or less than N. 

Thereafter, in each iteration, either the high or the low margin is adjusted in the 

search for the condition in which Nmax = N. Specifically, at the beginning of subse- 
quent (non-initialization) iterations, the margin is set to the average of the high and low 
margin thresholds, M = (Mr + M L )/2, and the augmented constellation signal to noise 
ratio SNRJCj], the bit allocation table Bjj], and the calculated capacity N max are de- 
termined. 

If the calculated capacity exceeds the desired capacity, i.e., N ma x > N, the re- 
ceiver increases the low margin threshold margin to M, i.e., it sets Ml = M. If the cal- 
culated capacity is less than the desired capacity, i.e., Nmax < H the receiver decreases 
the high threshold, i.e., it sets M H = M. The iteration then repeats. 

The receiver exits from the loop on the occurrence of any of several conditions. 
A first occurs when it is determined that N max = N. This is the desired solution, and 
represents an optimum equal distribution of margin over the communication channels. 
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A second occurs when the test condition (Nmax - N) is diverging. A third occurs when 
the desired equality is not achieved after a defined number of iterations. In one system 
implemented according to the preferred embodiment described herein, we have found a 
limit of 16 iterations sufficient. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Fig. 1 is a schematic diagram of an ADSL communications system showing bit 
allocation tables in accordance with the present invention; 

Fig. 2 is a diagram of control and data frames as used in connection with the pre- 
sent invention; 

Fig. 3 is a graph illustrating a multicarrier communication system. 
Fig. 4 is a graph illustrating signal-to-noise ratio as a function of frequency. 
Fig. 5 is a graph illustrating bit loading and margin for a multicarrier communi- 
cation system. 

Fig. 6 is a flow chart illustrating a bit loading algorithm for a multicarrier com- 
munication system. 

Fig. 7 is a flow chart illustrating initialization for the bit loading algorithm of 

Fig. 6. 

Fig. 8 is a flow chart illustrating operation of a receiver software for calculating, 
modifying, and synchronizing a change in a bit allocation table used in a multicarrier 
communication system. 

DETAILED DESCRIPTION OF AN ILLUSTRATIVE EMBODIMENT 

In Figure 1, a transmitter 10 for use in asynchronous data subscriber loop 
(ADSL) communications has first and second bit allocation tables 12 and 14 for use in 
assigning 

data to a plurality of channels for transmission to a remote receiver 16 which has corre- 
sponding bit allocation tables 20 and 22. The tables operate in pairs under control of a 
table controller 24 at the transmitter. In accordance with ADSL practice, a digital signal 
s(t) to be transmitted to a receiver is distributed over a plurality of channels fi, fa, . . . 
fj, in accordance with channel allocation assignments stored in the bit allocation tables. 
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In particular, the tables BO] define, for each channel j, the number of bits that can relia- 
bly be transmitted over a particular channel at a given bit error rate at the specific signal 
to noise ratio measured for that channel These tables are determined as described in 
detail herein, and may vary from time to time during the course of a transmission. 

At any given time, a single table, e.g., table 12, is used for transmission at the 
transmitter, and a corresponding table, e.g., table 20, is used for reception at the re- 
ceiver. These tables are images of each other, i.e., contain the same data, and are used 
in pairs, so that reliable communication can occur. Similarly, tables 14 and 22 are im- 
ages of each other and are used in pairs. 

A table control unit 24 at the receiver controls the formation of the bit allocation 
tables 12, 14, 20, and 22. It measures the signal to noise ratio on each of the channels 
fl, f2, ...fj, compares the measured values with predetermined values defining the bit 
capacity of a channel at given signal to noise values, augmented with noise margins as 
described herein, and thus determines the bit allocation for each channel. The alloca- 
tions so defined are stored in the tables 20 and 22 at the receiver. They are also trans- 
mitted back to the transmitter, e.g., via a control channel 26, and are there stored as the 
tables 12 and 14, respectively. After initial loading, the transmission is advantageously 
arranged such that only updated tables are transmitted back to the transmitter. 

At the transmitter 10, a table switch unit 28 selects which of the two table pairs 
(12, 20; 14, 22) are to be used in a given transmission and reception, Typically, a given 
pair will continue in use until the communication conditions change sufficiently that the 
bit allocations among the channels change. At that time, a new table must be formed at 
the receiver, and communicated to the transmitter. When this occurs, the table switch 
unit 28 typically will switch to the new table for subsequent transmissions. When it does 
so, it transmits a flag to the receiver that indicates that a switch to the alternative pair is 
to take place. This switch will usually be made effective as of the next superframe, but 
may, by prearrangement with the receiver, be made effective at some agreed upon point 
after that. 

Fig. 2 is a diagram of a superframe 30. It is formed from a control frame 32 and 
a number of data frames 34. During the control frame interval, the transmitter sends to 
the receiver a known signal from which the receiver can measure the signal to noise ratio 
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of each of the channels in order to calculate the bit allocations. The remaining frames of 
the superframe comprise data frames for the transmission of the desired data. In a pre- 
ferred embodiment of the invention, there are one control frame and 68 data frames, 
each of 245.5 microsecond duration, for a superframe time of 16.94 milliseconds. 

Referring to Fig. 3, a graph 100 illustrates multicarrier signal transmission. The 
graph 100 has a horizontal axis 102 representing frequency wherein lower frequencies 
are toward the left side of the axis 102 while higher frequencies are toward the right side 
of the axis 102. The graph 100 illustrates that a multicarrier signal, incorporating J dis- 
crete carrier signals, is transmitted via carriers at frequencies fi, . . . fj. 

Each of the carriers shown in the graph 100 is capable of transmitting a certain 
number of bits of information. Accordingly, the total number of bits transmitted via the 
multicarrier signal is the sum of the number of bits that can be transmitted by each of the 
carriers. For example, if each of the carriers can transmit three bits of information, then 
the signal shown in the graph 100 can transmit a total of J*3 bits of information. 

In a preferred embodiment, each of the carriers transmits information using 
quadrature amplitude modulation (QAM), a conventional digital signal encoding tech- 
nique where different combinations of amplitude and phase of each carrier signal repre- 
sent different digital values. For example, a carrier signal can be encoded using two 
different possible amplitudes (Al and A2) and two different possible phases (PI and P2) 
so that the carrier can represent one of four possible values: a first value when the car- 
rier signal has amplitude Al and PI, a second value corresponding to a combination Al 
and P2, a third value corresponding to a combination A2 and PI, and a fourth value cor- 
responding to a combination A2 and P2. The various combinations of amplitude and 
phase for a given carrier signal is called a "constellation". Note that the number of bits 
that can be transmitted via a particular carrier is a fixnction of the maximum possible 
constellation size for that carrier. 

For each carrier, the maximum size of the constellation, and hence the maximum 
number of bits that can be transmitted via that carrier, is a function of the signal to noise 
ratio (SNR) of the communication channel and is a function of the desired bit error ratio 
(BER). The BER is the number of single bit transmission/reception errors per the total 
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number of bits transmitted. Increasing the number of discrete amplitudes and/or phases 
associated with a particular carrier (i.e., increasing the constellation size) increases the 
likelihood of bit errors. The BER increases with increasing constellation size because, 
as the number of discrete amplitudes and/or phases increases, the magnitude of the dif- 
5 ference between discrete phases and/or amplitudes decreases and hence the ability of the 
receiver to distinguish between different phase and/or amplitude values decreases. 

The relationship between BER and SNR is well-known in the art of multicarrier 
communication. Tables are available that show the minimum SNR that can support a 
BER of a fixed amount or less for a given constellation size. For example, the table 
10 shown below, SNR[Cj], a constellation signal to noise ratio, indicates the minimum 
SNR needed to transmit a constellation having the indicated size in order to obtain an 
expected BER of 10" 7 (i.e., an error of one bit per every 10 7 bits that are transmitted.) 
Note that as the constellation size increases, the minimum required SNR also increases. 

Constellation size c (in bits) SNR requirement 

2 14 dB 



15 



19 dB 



21 dB 



24 dB 



20 Referring to Fig. 4, a graph 110 illustrates a relationship between SNR and fre- 

quency for a communication channel transmitting a multicarrier signal having carriers 
between frequencies fi and fj. A vertical axis 1 12 of the graph 1 10 represents SNR. A 
horizontal axis 1 14 of the graph 1 10 represents frequency in a manner similar to that il- 
lustrated in connection with the horizontal axis 102 of the graph 100 of Fig. 3. 

25 A plot 1 16 shows the relationship between SNR and frequency for the frequen- 

cies between fi and fj, the lowest and highest (respectively) carrier frequencies for the 
multicarrier frequency signal. The plot 1 16 illustrates that the SNR varies according to 
frequency so that, for example, the SNR at frequency f m is lower than the SNR at fre- 
quency f n . Based on the table shown above, it is possible that, for a given BER, the 
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constellation size supported by the carrier frequency f m is smaller than the constellation 
size supported by the carrier frequency f n . 

Referring to Fig. 5, a graph 120 uses a plot 122 to illustrate a hypothetical rela- 
tionship between SNR and frequency. The graph 120 is similar to the graph 110 of 
Fig. 4. The vertical axis of the graph 120, which represents SNR, has superimposed 
thereon the SNR requirement numbers from the table, shown and discussed above, that 
relates minimum SNR requirements with constellation size for a BER of 10" . The 
graph 120 shows that an SNR of 14 dB is required to support a constellation size of two 
bits and that SNR's of 19, 21, and 24 are required to support constellation sizes of 
three, four, and five bits, respectively. Based on this, it is possible to use the plot 122 to 
determine a maximum constellation size for each of the carrier frequencies between fi 
and fj. For example, the plot 122 shows that any carrier frequencies between fi and f a 
can support a maximum constellation size of four bits since all portions of the plot 122 
between f i and f a are greater than 2 1 dB (the minimum required SNR to support a con- 
stellation size of four bits), but less than 24 dB (the minimum SNR for five bits). No 
carrier frequencies between fi and f a can support a constellation size of five bits at the 
BER used to generate the minimum SNR requirements. 

The portion of the plot 122 between f a and ft is shown in Fig. 5 as being greater 
than 24 dB. Accordingly, carrier frequencies between f a and ft can support a maximum 
constellation size of at least five bits. Similarly, carrier frequencies between ft and ft 
will support a maximum constellation size of four bits; carrier frequencies between ft 
and ft will support a maximum constellation size of three bits; carrier frequencies be- 
tween ft and ft will support a maximum constellation size of two bits, and carrier fre- 
quencies between ft and fj will support a maximum constellation size of three bits. 

The difference between the minimum required SNR and the actual transmission 
channel SNR is called the "margin". For example, the plot 122 shows that if four bits 
are used at the carrier frequency ft, the carrier frequency at ft will have a margin 124 
somewhat greater than zero since the SNR at ft is shown in Fig. 5 as being greater than 
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the minimum SNR requirement of 21 dB. Similarly, it is possible to use less than the 
maximum supported constellation size at a particular carrier frequency. For example, 
although the plot 122 shows that a carrier at the frequency f a will support a constellation 
size of five bits (since the SNR at f a is 24 dB), it is possible to encode the carrier at the 
frequency f a with only three bits. In that case, the margin at the frequency f a is the dif- 
ference between the transmission channel SNR at f a (24 dB) and the SNR required to 
support a constellation of three bits at frequency f a (19 dB). Accordingly, the margin at 
frequency f a is 5 dB. 

In instances where the multicarrier signal is used to transmit the maximum num- 
ber of data bits, then the SNR of the communication channel is first measured and then 
each carrier is set to the maximum supported constellation size. However, in many ap- 
plications, the multicarrier signal is used to transmit less than the maximum possible 
number of bits. In those cases, it is advantageous to maximize the overall margin of the 
signal to thus reduce the error rate. This can be illustrated by a simple example: 

Assume a two-channel multicarrier signal has a maximum constellation size of 
five bits for the first carrier and four bits for the second carrier. Further assume that it is 
desirable to use the signal to transmit six bits. One way to allocate the bits among the 
two carriers is to use the first carrier to transmit five bits and the second carrier to 
transmit one bit. In that case, however, the margin for the first carrier is relatively small 
while the margin for the second carrier is relatively large. There will be many more er- 
rors for bits transmitted via the first carrier than bits transmitted via the second carrier 
and, since most of the bits are being transmitted via the first carrier anyway, then the 
overall error rate of the signal, while below the target BER, is still higher than it has to 
be in this case. A more advantageous way to allocate the bits might be to allocate three 
bits to each of the two carriers. In that case, both of the carriers operate with a rela- 
tively large margin and the overall error rate of the signal is reduced. 

Of course, in many multicarrier communication applications, there are hundreds 
of carriers and hundreds to thousands of bits that are transmitted. In addition, it is nec- 
essary to allocate the bits in a relatively rapid manner since time spent allocating bits is 
time not spent communicating information. Furthermore, it may be necessary to reallo- 
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cate the bits during communication if the channel transmission characteristics change 
dynamically. 

Referring to Fig. 6, a flow chart 150 illustrates a technique for allocating bits 
among carriers of a muiticarrier signal. Processing begins at a first step 152 where vari- 
ous quantities used to allocate the bits are initialized. These quantities include MH, the 
high-bound for the margin, ML, the low-bound for the margin, and k, an iteration 
counter which is described in more detail below. Following step 152 is a step 154 where 
the margin, M, is calculated by averaging Mh and Ml. 

Following step 154 is a step 156 where a table indicating required SNR for vari- 
ous constellation sizes, RSNR[c], is calculated. RSNR[c] is a table having entries equal 
to the sum of the margin, M, and the minimum SNR requirements that can support a 
constellation of size c, and thus comprises an augmented constellation signal to noise 
ratio, SNRa[cj] = SNR[cj] + M. Following step 156 is a step 158 where a bit table, 
BO], is calculated. B[j] is a table of the maximum number of bits that can be allocated to 
each of the carriers fi, . . . fj, given the values stored in RSNR[c]. The maximum num- 
ber of bits are allocated for each carrier in a manner similar to that discussed above in 
connection with Fig. 5. 

Following step 158 is a step 160 where a value N max is calculated. Nmax repre- 
sents the maximum number of bits that can be transmitted on the channel and is deter- 
mined by summing all of the values in the table B[j]. Since the table B[j] contains the 
maximum number of bits that can be transmitted for each carrier based on the minimum 
required SNR for each constellation size plus the calculated margin, then Nmax repre- 
sents the maximum number of bits that can be transmitted on the channel wherein each 
of the carriers has a margin of at least M. 

Following the step 160 is a test step 162 which determines if equals N 
where N is the number of bits that are to be transmitted using the muiticarrier signal. If 
Nmax does in fact equal N, then processing is complete and the bit table B[j] represents 
an allocation of bits among the carriers of the muiticarrier signal wherein each carrier 
will have a margin at least as large as M. 
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If it is determined at the test step 162 that Nmax does not equal N, then process- 
ing transfers from the test step 162 to a test step 164. Note that if N is less than Nmax, 
then the margin can be increased (in order to decrease Nmax) in the next iteration. 
Similarly, if N is not less than Nmax, then the margin is too large and needs to be de- 
creased in the next iteration. If it is determined at the test step 164 that N is less than 
N m ax, the control transfers from the test step 164 to a step 166 where M L , the low- 
bound on the margin, is set equal to M. Setting M L equal to M effectively increases 
Ml, causing an increase in the value of the margin, M, that will be calculated on the 
next iteration at the step 154. 

Conversely, if it is determined at the step 164 that N is not less than Nmax, then 

control transfers from the step 164 to a step 168 where Mh, the high-bound on the 

margin is set equal to M. This effectively decreases the value of Mh, thus causing the 
value of M to decrease when M is calculated at the step 154 on the next iteration. 

Control transfers from either the step 166 or step 168 to a step 170 where the 
iteration counter, k, is incremented. Following the step 170 is a test step 172 which de- 
termines if the iteration counter is less than the maximum allowable value for the itera- 
tion counter, Kmax- The iteration counter, k, is used to ensure that the algorithm will 
terminate after a certain number of iterations even if the terminating condition at the 
step 162 (i.e., Nmax = N) is never met. In a preferred embodiment, Kmax equals 16. 

If it is determined at the test step 172 that k is not less than Kmax, then control 
transfers from the step 172 to a step 174 where the remaining bits are either removed or 
added to the bit table, B[j], as appropriate. Bits are added or removed at the step 174 in 
a random or pseudo random manner so that the sum of all allocated bits in the table B[j], 
equals N, the number of bits that are to be transmitted via the multichannel signal Note 
that in this instance, there is no guarantee that each of the carriers has a margin of at 
least M. The step 174 is simply executed in order to finalize the allocation process if the 
algorithm is unable to meet the termination condition at the step 162. 

If it is determined at the test step 172 that the iteration counter, k, is less than the 
predetermined maximum value for the iteration counter, then control transfers from the 
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step 172 to a test step 176 which determines if the algorithm is diverging, i.e., if (Nmsor 
N) is increasing. It is desirable for the algorithm to converge so that the value of Nmax 
gets closer to the value of N with each iteration because the algorithm terminates when 
N max equals N at the test step 162. However, if it is determined at the test step 176 that 
the value of Nmax is actually getting farther from the value of N with each iteration, then 
control transfers from the step 176 to the step 174 where the remaining bits are distrib- 
uted randomly among the values in the table B[j], as discussed above, after which proc- 
essing is complete. 

If it is determined at the test step 176 that the algorithm is not diverging, then 
control transfers from the step 176 back to the step 154 where the margin is calculated 
for the next iteration. The margin calculated at the subsequent iteration 154 will either 
be less than or greater than the margin calculated on the previous iteration, depending 
upon whether N was less than Nmax or not at the test step 164, as discussed above. 

Referring to FIG. 7, a flow chart 180 illustrates in detail the initialization routine 
for the step 152 of the flow chart 150 shown in FIG. 6. The initialization routine is en- 
tered and processing begins at a step 182 where the transmission characteristics of the 
channel are measured to determine the signal-to-noise ratio at each of the carrier fre- 
quencies of the multicarrier signal. As discussed above in connection with Fig/s 4 and 
5, the transmission channel signal-to-noise ratio may be a function of frequency. Meas- 
uring the channel transmission characteristics at the step 182 is discussed in more detail 
hereinafter. 

Following the step 182 is a step 184 where the minimum required signal-to-noise 
ratio table, SNR[c], is initialized. As discussed above, for a given bit error ratio (BER), 
the minimum required SNR for each constellation size, c, can be determined via conven- 
tional calculations known in the art or by looking up the values in a textbook. Following 
the step 184 is a step 186 where the bit table, B[j], is calculated. Calculation of the bit 
table at the step 186 is similar to calculation of the bit table at the step 158 discussed 
above in connection with the flow chart 150 of FIG. 6, except that the unaugmented 
SNR table is SNR[cj] used at the step 186 rather than the RSNR table which is used at 
the step 158. Using the SNR table at the step 186 effectively calculates the bit table, 
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B[j], with a margin of zero. Following the step 186 is a step 188 where Nmax is calcu- 
lated. The step 188 is similar to the step 160 discussed above in connection with the 
flow chart 150 of FIG. 6; Nmax is simply the sum of all the entries in the bit table, B[j]. 

Following the step 188 is a step 190 where it is determined if Nmax equals N. If 
Nmax does equal N at the step 190, then processing is complete for the entire algorithm 
(not just the initialization portion) since the channel will only support Nmax bits of 
transmission. That is, if N max equals N at the step 190, there is no point in continuing 
with the algorithm and calculating a margin since, by default, the channel can transmit no 
more than N bits. 

If it is determined at the test step 190 that Nmax does not equal N, then control 
transfers from the step 190 to a test step 192 where it is determined if N is less than 
Nmax- Note that if N is not less than N max at the step 192, then the channel will not 
support transmission of N bits at the BER used to construct the SNR table at the step 
184. That is, the bandwidth of the channel is too low. However, in this case, the algo- 
rithm can continue by calculating a negative margin and simply proceeding to maximize 
the negative margin so that, although the BER that will be achieved will exceed the de- 
sired BER, it is still minimized given the requested data rate. In another embodiment, 
the algorithm can terminate at this point and indicate that the bits cannot be allocated. 
In yet another embodiment, the algorithm can be rerun using a higher BER and 
(presumable) lower minimum SNR requirements for the various constellation sizes. 

If it is determined at the step 192 that N is not less than Nmax (i.e., the system 
will be operating with a negative margin) then control transfers from the step 192 to a 
step 198 where the low-bound on the margin Ml, is set to zero. Following the step 198 
is a step 200 where the high-bound on the margin is set using the formula M K = 
(10/J*)(Nmax-N). Note that, however, in this case the high-bound on the margin will 
be set to a positive value at the step 200 because N max - N will be a positive number. 

Following either the step 200 or the step 196, control transfers to a step 202 
where the iteration counter that is used to terminate the algorithm after a predetermined 
number of iterations is set to one. Following the step 202, the initialization routine is 
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exited so that the remaining processing, as discussed above in connection with FIG. 6, 
can continue. 

The formula used to set Ml at the step 196 and to set Mr at the step 200 pro- 
vides upper and lower bounds of the margin such that the algorithm converges in a rea- 
sonable number of iterations while ensuring that the final margin does not fall outside the 
range between Ml and Mr. Of course, it is possible to practice the invention using 

other formulas or techniques for calculating initial values for Ml and Mr. 

Referring to FIG. 8, a flow chart 210 illustrates operation of software used by 
the receiver to allocate bits among the different carriers of the multicarrier signal and 
synchronize changes in the bit allocation table with the transmitter. Processing begins at 
a first test step 262 which determines if the receiver has received a reference frame. A 
reference frame is a predetermined and detectable frame of special data bits that is pro- 
vided by the transmitter to the receiver to allow the receiver to determine the channel 
characteristics. In a preferred embodiment, the reference frame is transmitted periodi- 
cally, although other conventional techniques can be used to determine whether the ref- 
erence frame should be sent by the transmitter. The reference frame is recognized by the 
receiver using any one of a variety of conventional techniques such as a special header in 
a packet indicating that a reference frame is being provided. Use of a reference frame in 
connection with multicarrier communication is well-known in the art. If a reference 
frame is not received at the step 262, the software loops back to the test step 262 to poll 
for receipt of the reference frame. 

If it is determined at the test step 262 that a reference frame has been received, 
then control transfers from the step 262 to a step 264 where the errors in the reference 
frame are measured with respect to the brown constellation distances of the first signal. 
Note that since the reference frame is a predetermined signal, the receiver can know ex- 
actly what was sent by the transmitter. Therefore, any differences between the data re- 
ceived by the receiver and the expected values for signal data can be accounted for by 
errors induced by the transmission channel. These errors are measured at the step 264. 

Following the step 264 is a step 266 where the receiver determines the channel 
characteristics based on the errors measured at the step 264. This is done in a conven- 
tional manner using techniques for determining channel characteristics based on detected 
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transmission errors. Following the step 266 is a step 268 where the receiver allocates 
various bits among the carriers using, in a preferred embodiment, the technique dis- 
closed above in connection with Fig.'s 6 and 7. 

Following the step 268 is a test step 270 which determines if the bit allocation 
table provided at the step 268 is different than the previous bit allocation table. That is, 
it is determined at the step 270 if there is a difference between the recently-calculated bit 
allocation table and the previous bit allocation table. If it is determined at the test step 
270 that there is no difference (i.e., that the bit allocation table has not changed), then 
control transfers from the step 270 back to the step 262 where the software waits for the 
transmitter to send another reference frame. Otherwise, if it is determined at the step 
270 that the new bit allocation table is different than the old bit allocation table, then 
control transfers from the step 270 to a step 272 where a flag is sent from the receiver to 
the transmitter indicating that the bit allocation table has changed. In a preferred em- 
bodiment, the flag is sent at the step 272 via a single carrier of the multicarrier signal 
that is reserved for use by the transmitter and receiver only for the flag. In another em- 
bodiment, the reserved carrier can also be used to transmit the new bit allocation table. 

Following the step 272 is a step 274 where the receiver sends the new bit alloca- 
tion table, determined at the step 268, to the transmitter. Following the step 274, con- 
trol transfers back to the test step 262 to poll and wait for the transmitter to send an- 
other reference frame. 

While the invention has been disclosed in connection with the preferred embodi- 
ments shown and described in detail, various modifications and improvements thereon 
will become readily apparent tot hose skilled in the art. Accordingly, the spirit and 
scope of the present invention is to be limited only by the following claims. 
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CLAIMS 

1. In a multicarrier modulation system having a plurality of channels for transmit- 
ting data at varying rates from a transmitter to a receiver dependent on the signal to 
noise ratio of the respective channels, the improvement comprising: 

A. means for allocating data to respective ones of said channels in accor- 
dance with an initial signal to noise ratio for the corresponding channel, 

B. means for repetitively calculating trial noise margins across said channels, 
and 

C. means for repetitively combining said trial noise margins with the said 
signal to noise ratios of said channels to form modified signal to noise ra- 
tios for said channels for use in reallocating said data thereto. 

2. A multicarrier modulation system according to claim 1 in which said margins are 
added to the constellation signal to noise ratios associated with said channels to form 
said modified ratios. 

3. A multicarrier modulation system according to claim 2 in which said margins are 
added to said signal to noise ratios equally across said channels. 

4. A multicarrier modulation system according to claim 3 which includes means for 
defining upper and lower margin thresholds Mr and Ml, respectively, said trial noise 
margins being defined as a combination of said thresholds. 

5. A multicarrier modulation system according to claim 4 in which said combination 
is formed as an average of said upper and lower thresholds, 

6. A multicarrier modulation system according to claim 5 in which at least one of 
said thresholds is determined as a function of the difference between the amount of data 
transmissible across said channels in accordance with previously specified signal to noise 
ratios associated with said channels and the amount of data desired to be transmitted 
across said channels. 
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7. A multicarrier modulation system according to claim 6 in which at least one of 
said thresholds is set to zero. 

8. A multicarrier modulation system according to claim 6 which includes means for 
terminating data allocation when the amount of data transmissible across said channels in 
accordance with previously specified signal to noise ratios associated with said channels 
equals the amount of data desired to be transmitted across said channels. 

9. A multicarrier modulation system according to claim 6 which includes means for 
terminating data allocation when said difference diverges. 

10. A multicarrier modulation system according to claim 6 which includes means for 
terminating data allocation after a defined number of iterations of margin calculations 
over said channels. 

11. A multicarrier modulation system according to claim 1 in which said means for 
calculating trial noise margins comprises: 

A. means for defining a trial margin that is a function of the difference be- 
tween the amount of data allocable to said channels in accordance with 
said initial signal to noise ratios for the respective channels and the 
amount of data desired to be transmitted, and 

B. means for repetitively adjusting said trial margin in accordance with the 
relation between the amount of data transmissible across said channels 
when the signal to noise ratios of said channels are augmented by said 
trial margin and the amount of data 

C. transmissible across said channels in accordance with a prior determina- 
tion of said signal to noise ratios. 
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12. A multicarrier modulation system according to claim 1 which includes means for 
periodically transmitting a reference frame from the transmitter to the receiver across said 
channels, and means for measuring the signal to noise ratios of said channels from the 
transmitted reference frame, said means for repetitively calculating trial noise margins 
across said channels using the signal to noise ratios determined in the most recently 
transmitted frame as the initial signal to noise ratios for calculating said margins in the in- 
terval between said frame and the next frame. 

13. A multicarrier modulation system according to claim 12 which includes first and 
second memory register sets at both said transmitter and said receiver for storing channel 
data allocations in accordance with signal to noise ratios associated therewith, and means 
for transmitting from the transmitter to the receiver a flag indicating which of the register 
sets is to be used for subsequently receiving data from said transmitter. 

14. In a multicarrier modulation system having a plurality of channels for transmitting 
data at varying rates from a transmitter to a receiver dependent on the signal to noise ratio 
of the respective channels, the improvement comprising: 

A. means for allocating data to respective ones of said channels in accordance 
with initial signal to noise ratios measured for the corresponding channels, 

B. means for calculating a trial noise margin across said channels as a function 
of said initial signal to noise ratio and the difference between the amount of 
data transmissible over said channels with said signal to noise ratios and 
the amount of data desired to be transmitted, 

C. means for augmenting the initial signal to noise ratios associated with said 
channel by the trial noise margin to thereby define an augmented signal to 
noise ratio for use in defining a revised estimate of the amount of data 
transmissible over said channels, 

D. means for repetitively defining successive trial noise margins as a function 
of the augmented signal to noise ratios and the difference between the 
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amount of data transmissible over said channels with said augmented signal 
to noise ratios and the amount of data desired to be transmitted until an 
exit condition is reached. 

15. A multicarrier modulation system according to claim 14 in which said exit condi- 
tion comprises equality between the amount of data transmissible over said channels with a 
particular set of augmented signal to noise ratios and the amount of data desired to be 
transmitted. 

16. A multicarrier modulation system according to claim 14 in which said exit condi- 
tion comprises an increase in the difference between the amount of data transmissible over 
said channels with said augmented signal to noise ratios and the amount of data desired to 
be transmitted as determined on successive calculations. 

17. A multicarrier modulation system according to claim 14 in which said exit condi- 
tion comprises determination of a defined number of successive trial noise margins. 

18. A multicarrier modulation system according to claim 14 which includes means for 
periodically transmitting a reference frame from the transmitter to the receiver across said 
channels, and means for measuring the signal to noise ratios of said channels from the 
transmitted reference frame, said means for calculating trial noise margins across said 
channels using the signal to noise ratios determined in the most recently transmitted frame 
as the initial signal to noise ratios for calculating said margins in the interval between said 
frame and the next frame. 
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19. A multicarrier modulation system according to claim 18 which includes first and 
second memory register sets at both said transmitter and said receiver for storing chan- 
nel data allocations in accordance with signal to noise ratios associated therewith, and 
means for transmitting from the transmitter to the receiver a flag indicating which of the 
register sets is to be used for subsequently receiving data from said transmitter. 

20. A method of allocating data to respective ones of channels in a multicarrier 
modulation system having a plurality of channels for transmitting data at varying rates 
from a transmitter to a receiver, comprising the steps of : 

A. allocating data to respective ones of said channels in accordance with 
measured signal to noise ratio for the corresponding channel, 

B. repetitively calculating trial noise margins across said channels, and 

C. repetitively combining said trial noise margins with the said signal to 
noise ratios of said channels to form modified signal to noise ratios for 
said channels for use in reallocating said data thereto. 

21. A method according to claim 20 in which the step of combining said trial noise 
margins and said signal to noise ratios of said channels comprises adding a calculated 
trial noise margin to the constellation signal to noise ratios of said channels to thereby 
form an augmented signal to noise ratio from which the amount of data transmissible in 
said channel is determined. 

22. A method according to claim 20 in which the step of repetitively calculating trial 
noise margins across said channels comprises the steps of 

A. repetitively defining a trial margin that is a function of the difference be- 
tween the amount of data allocable to said channels in accordance with 
said initial signal to noise ratios for the respective channels and the 
amount of data desired to be transmitted, and 

B. repetitively adjusting said trial margin in accordance with the relation 
between the amount of data transmissible across said channels when the 
signal to noise ratios of said channels are augmented by said trial margin 
and the amount of data transmissible across said channels in accordance 
with a prior determination of said signal to noise ratios. 
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23. A method according to claim 22 which further includes the steps of: 

A. periodically transmitting a reference frame from the transmitter to the 
receiver across said channels, 

B. measuring the signal to noise ratios of said channels from the transmitted 
reference frame and using the signal to noise ratios determined in the 
most recently transmitted frame as the signal to noise ratios for calculat- 
ing said margins in the interval between said frame and the next frame. 

24. A method according to claim 23 which includes the steps of providing first and 
second memory register sets at both said transmitter and said receiver for storing chan- 
nel data allocations in accordance with signal to noise ratios associated therewith, and 
transmitting from the transmitter to the receiver a flag indicating which of the register 
sets is to be used for subsequently receiving data from said transmitter. 
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